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© System for broadcasting HDTV Images over standard television frequency channels.' 



© Method and apparatus for transmitting and re- 
ceiving an HDTV signal over standard television ban- 
dwidth channels. The system provides for quadra- 
ture modulation of the standard NTSC carrier with an 
augmentation signal containing components of the 
HDTV signal. The upper sideband portion of the 
quadrature modulation is suppressed along with the 
carrier produced from the quadrature modulation. 
The resulting lower sideband extends into the lower 
adjacent channel frequency spectrum, and is trans- 
mitted along with the standard NTSC video signal. 
Improved compatibility is achieved with existing 
^NTSC signals by varying on an alternate line basis 
^the phase of the augmentation signal to avoid the 
consequence of carrier phase shift from OC compo- 
™nents in the quadrature modulated signal. A time 
gated demodulator is provided at the receiver for 
accurately tracking the phase of the carrier, permit- 
ting accurate demodulation of the quadrature aug- 
<v} mentation' signal. A demodulation circuit is described 
o having phase shift compensation for removing the 
effects of phase delays incurred during processing 
Q_ of the received broadcast signal. 
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SYSTEM FOR BROADCASTING HDTV IMAGES OVER STANDARD TELEVISION FREQUENCY CHANNELS 



Field of Invention 



The present invention relates to high definition 
television (HDTV) transmission systems. Specifi- 
cally, apparatus and method are disclosed for 
broadcasting a standard NTSC television signal 
and augmentation video signal in adjacent standard 
television channels. 

The' United States Patent US-A 4.694.338 (PHA 
21.323) describes techniques for increasing the 
resolution of images which are transmitted as video 
signals over standard broadcast channels. The en- 
hanced image includes a component which can be 
used to increase the aspect ratio of the displayed 
image. Along with a transmitted main component, 
representing a standard NTSC video image, side 
panel information is transmitted which is suitably 
joined with the standard NTSC image to provide a 
wider aspect image for display. Additionally, provi- 
sions are made to transmit further horizontal and 
vertical detail for both the side panels and main 
image component in the augmentation channel. 

The additional information transmitted in HDTV 
must be compatible with television receivers which 
are currently used to demodulate the standard 
NTSC broadcasts. Also, spectrum space must be 
efficiently used to preserve the interference protec- 
tion presently afforded by guard bands between 
locally used channels so that information from one 
channel does not interfere with other broadcasts of 
different programs in other localities where these 
adjacent channel frequencies are used. 

One proposed techniques for transmitting addi- 
tional video image detail is set forth in United 
States Patent US-A 4.521.803 to Gittinger. This 
technique transmits an enhanced video image us- 
ing quadrature modulation. Two horizontal lines of 
a high resolution picture are scanned and the lu- 
minance information of the two lines are added 
together, to amplitude modulate a picture carrier in 
the standard NTSC format. An additional signal, 
however, is provided which is formed from the 
difference between the luminance signals of the 
scanned lines. This difference signal is used to 
form a suppressed, double sideband signal which 
is in phase quadrature with the standard NTSC 
carrier. The system transmits only, the upper 
sidebands of both the in phase and quadrature 
phase modulations, limiting the bandwidth to the 
standard video bandwidth of an NTSC signal. In a 
second embodiment described .in the patent, tho 
in-phase modulation component is pormittod to ox- 
tend into tho lower adjacent channel to form an 



increased bandwidth signal. Synchronous detection 
at the receiver is proposed to recover both the in- 
phase and quadrature phase modulated informa- 
tion. The system is proposed as being compatible 

5 with television receivers which are not equipped 
with special demodulation and decoding circuits. 

In another quadrature system, the Matsushita 
Industrial Company has proposed during ICCE 
1987 a scheme for quadrature modulation of an 

to NTSC picture carrier. In this system, the lower 
sideband of both the quadrature and in-phase mod- 
ulation components are filtered to limit the band- 
width to that of a standard broadcast channel. This 
system as well is believed to be compatible with 

ts existing television receivers, wherein it is assumed 
that the augmentation video signal, appearing as a 
quadrature component to the standard NTSC sig- 
nal, will be transparent to currently used receivers 
which utilize quasi-synchronous demodulation tech- 

20 niques for recovering the baseband video signal. 



Summary of the invention 

25 

It is an object of this invention to provide an 
improved, quadrature-based HDTV transmission 
system. 

It is a more specific object of this invention to 
30 provide a quadrature-based system which has im- 
proved compatibility with existing television receiv- 
ers. 

In a first aspect of the present invention, use is 
made of the lower adjacent channels except in the 

35 cases of channels 2, 5, 7, 14 and 38, which are 
dedicated to non-broadcast services. 

Use of this lower adjacent- spectrum space is 
made possible by quadrature modulating the stan- 
dard carrier for these channels with an augmenta- 

40 lion signal which can be used in an appropriately 
equipped receiver to recreate the HDTV image. 
The augmentation video signal modulates a carrier 
signal having the same frequency as the standard 
NTSC broadcast, but in phase quadrature thereto. 

45 The resulting signal is a suppressed carrier double 
sideband modulated signal. The upper sideband of 
the quadrature phase carrier double sideband sup- 
pressed carrier signal is attenuated, using a filter at 
the transmitter which attenuates 6 db at the carrier 

50 frequency. In the preferred embodiment, this filter 
has an Nyquist (linear) slope function which slopes 
from the band edge of the primary channel nega- 
tively, and has a negligible loss to the lower 
sidobands of groator than 1.25 MHz. Tho liltored 
quadrature sidebands are linearly combined with 
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the standard NTSC carrierrrTodulated signal. 



ThlTlower sideband"oHhe augmentatiorTsignaT - 
modulated carrier is therefore transmitted in phase 
quadrature with the standard main channel NTSC 
signal. Thus, additional bandwidth is provided using 
the lower adjacent channel and a portion of the 
assigned channel. The possibility for cross-talk be- • 
tween the main and augmentation channels is les- 
sened by suppressing the upper sideband of the 
augmentation modulated signal. The net result is 
an effective bandwidth of substantially 1 1 MHz for 
the HDTV transmission. 

In a second aspect of the invention for improv- 
ing the compatibility of HDTV broadcasts with stan- 
dard NTSC video broadcasts, the effect of any low 
frequency component at or near DC in the aug- 
mentation signal on the carrier phase is lessened. 
A DC component contained in the quadrature mod- 
ulated signal which is combined with the standard 
NTSC modulated signal, will tend to shift the car- 
rier phase which is used at each of the conven- 
tional receivers for demodulation. Conventional re- 
ceivers establish a phase reference with respect to 
the transmitted carrier signal. Any carrier shift re- 
sulting from a DC component contained in the 
augmentation signal will create an error in de- 
modulating the modulated carrier signal by stan- 
dard NTSC receivers having quasi-synchronous 
detectors of the usual kind. The net effect is cross- 
talk which would enter these standard television 
receivers due to the presence' of the quadrature 
modulated signal. To remove the effects of this DC 
component, it is proposed that the phase of the 
carrier carrying the augmentation signal be re- 
versed 180* on alternate line during .transmission 
of those signal components having a DC compo- 
nent. This will effectively remove the effect of a DC 
component on the recovered in-phase picture car- 
rier. 

In still a further improvement according to the 
invention, accurate carrier regeneration is provided 
at the receiver equipped with circuitry for de- 
modulating the quadrature components contained 
in the HDTV signal. Accurate carrier regeneration is 
provided by a technique which samples the phase 
of the carrier during specific time periods, cor- 
responding to a portion of the blanking interval of 
the video signal. During at least a portion of the 
horizontal blanking intervals of the standard NTSC 
video signal, the quadrature components at the 
transmitter are fully suppressed, providing for an 
accurate representation of tho transmitted carrier 
phase and frequency. Thus, carrier lock is 
achieved only during the blanking time when the 
true phase of the carrier is known. The remaining 
portion of the horizontal blanking interval may be 
used for data transmission. 

In still a further improvement provided by the 



invention, the demodulating circuit for detecting the 
quadrature modulate^^aLrgWentatid^signallnclOTes - 
a technique for removing the phase olfset incurred 
during processing of the signal. The present inven- 
tion provides for a demodulation circuit which will 
alter the phase of the locally generated carrier to 
compensate for any phase delays incurred by the 
intermediate frequency signal during signal pro- 
cessing. Thus, the intermediate frequency signal is 
accurately demodulated with respect to its phase to 
accurately recover the baseband augmentation sig- 
nal. 

According to a first broad aspect of the inven- 
tion, there is provided a method for transmitting an 
augmentation video signal for increasing the width 
and information content of a standard picture repre- 
sented by a standard video signal comprising: 
generating a radio frequency carrier signal for a 
channel of the standard television broadcast spec- 
trum: 

modulating said carrier signal with said standan 
video signal to produce an amplitude modulated 
carrier signal: 

modulating said carrier signal with said augmenta- 
tion video signal to produce an amplitude modula- 
tion component in quadrature with modulation pro- 
duced by said standard video signal: 
suppressing the upper sideband of said quadrature 
amplitude component, whereby substantially all of 
said quadrature amplitude components are within a 
bandwidth allotted to a lower adjacent channel; 
and. 

switching the phase of said quadrature components 
180' during alternate lines of said standard video 
signal, whereby the effects of a DC component in 
said augmentation signal on the mean phase of 
said carrier phase is removed. 

According to a second broad aspect of the 
invention, there is provided a method for de- 
modulating an augmentation signal and standarc 
video signal modulated on a carrier signal of a 
standard broadcast channel, comprising: 
generating an intermediate frequency signal from 
said modulated carrier signal: 

generating a local carrier for demodulating said 
. broadcast channel by establishing a phase of a 
voltage controlled oscillator during a blanking inter- 
val of said standard video signal by applying a 
control voltage proportional to the difference in 
phase between said voltage controlled oscillator 
signal and the phase of said intermediate frequen- 
cy signal, whereby, said oscillator assumes a con- 
stant phase with respect to said intermediate fre- 
quency signal; 

compensating said local carrier for phase delays 
incurred by said intermediate frequency signal 
comprising: 

determining during a horizontal blanking interval of 
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— said-video-signaHhe-difference-between-the-phase — 
of said local carrier and a reference phaso voltage; 
shifting tho phaso of said local carrier signal in a 
direction to reduce said difference; and, 
phase demodulating said intermediate frequency 
signal with said shifted local carrier signal, whereby 
said augmentation signal is produced. 

According to a third broad aspect of the inven- 
tion, there is provided a method for transmitting an 
augmentation video signal for increasing the width 
and resolution of a standard video signal compris- 
ing: 

generating in phase and quadrature phase compo- 
nents of a carrier signal of a television channel; 
modulating said in-phase component of said carrier 
signal with a standard NTSC video signal; 
modulating said quadrature component of said car- 
rier signal with said augmentation video signal, 
whereby upper and lower sideband components of 
said quadrature component are produced: and 
combining said lower sideband of said quadrature 
component containing said augmentation video sig- 
nal with said in-phase modulation components, 
whereby said modulated carrier signal is produced 
having a quadrature component in a lower adjacent 
channel containing said augmentation signal. 

According to a fourth broad aspect of the inen-' 
tion. there is provided an apparatus for transmitting 
an augmentation video signal along with a standard 
video signal comprising: 

a carrier generator Idr generating a carrier signal 
having in-phase and quadrature phase signal com- 
ponents at a frequency of a standard television 
channel; 

' modulator means for modulating said in-phase 
component with said standard video signal and 
said quadrature phase component with said aug- 
mentation video signal: 

means for suppressing an upper sideband pro- 
duced by modulating said quadrature component, 
whereby only a lower sideband produced by modu- 
lating said quadrature component remains: and, 
means operative during a blanking interval of said 
video signal for suppressing all quadrature related 
modulation components, whereby only in-phase 
signal components are produced during said blan- 
king interval. 

According to a fifth broad aspect of the inven- 
tion, there is provided in a system for producing 
high definition television signals which include a 
standard video signal transmitted as an upper 
sideband, and an augmentation video signal, trans- 
mitted as a lower sideband of a single carrier 
frequency, a receiving apparatus for recovering 
said augmentation video signal comprising: 
means lor converting a received carrier frequency 
signal containing an upper and lower sideband into 
an intermediate frequency signal which contains an 



— unmodulated"componenrand-in-phase-and-quadra=— 
ture phaso components; 

moans for gonoraling a local carrier signal having a 

frequency and phase locked to the frequency and 

phase of said unmodulated component contained 

in said intermediate frequency signal; 

means for phase shifting said local carrier signal to 

obtain a substantially 90* phase relationship with 

quadrature modulation components contained in 

said intermediate frequency signal; and 

means for phase demodulating said quadrature 

components using said local carrier. 

According to a sixth broad aspect of the inven- 
tion, there is provided a method for transmitting an 
augmentation video signal for increasing the width 
and resolution of a standard video signal compris- 
ing: 

generating in-phase and quadrature phase compo- 
nents of a carrier signal of a television channel; 
modulating said in-phase component of said carrier 
signal with a standard NTSC video signal; 
modulating said quadrature component of said car- 
rier signal with said augmentation video signal, 
whereby upper and lower sideband components of 
said quadrature component are produced; 
combining at least one of said quadrature compo- 
nents containing said augmentation video signal 
with said in-phase modulation components, where- 
by said modulated carrier signal is produced hav- 
ing at least one quadrature component containing 
said augmentation signal: and, 
alternating the phase of said combined quadrature 
components 180* on an alternate periodic basis,, 
whereby the effects of a DC component in said 
augmentation signal on said carrier signal phase- 
are reduced. 



Brief description of the Figures 



Figure 1 illustrates the frequency spectrum 
of an HDTV transmission signal in accordance with 
a preferred embodiment of the invention. 
15 Figures 2A illustrates the amplitude relation- 

ship between the carrier, upper and lower 
• sidebands in an IF signal of an NTSC receiver. 

Figure 28 illustrates the vectoral relationship 
between the upper an lower sidebands of the 
so NTSC transmitter signal. 

Figure 2C illustrates the effect due to the 
upper and lower sidebands on an NTSC signal. 

Figure 2D illustrates the effect of the quadra- 
ture transmitter signal on the phase of the NTSC 
.55 transmitted carrier, as well as the effect of line 
sequential alternation of the quadrature signal. 
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Figure 3A illustrated the intermediate) fro- 
"quency passband _ frequency— response - of _ a-stan— 
dard NTSC television receiver. 

Figure 3B illustrates the frequency response 
of the passband filter for the quadrature compo- 
nents of the quadrature generated signal of Figure 
1- 

Figure 4A illustrates a standard NTSC video 
line signal. 

Figure 4b illustrates the augmentation signal 
amplitude versus time with respect to the standard 
NTSC video signal. 

Figure 5 illustrates a transmitting apparatus 
for transmitting the signal whose frequency spec- 
trum is shown in Figure 1 . 

Figure 6 demonstrates a receiver carrier re- 
generation circuit and NTSC demodulator for re- 
covering the NTSC signal whose spectrum is 
shown in Figure 1. 

Figure 7 illustrates a carrier demodulator for 
the quadrature component of the signal whose fre- 
quency spectrum is shown in Figure 1. 

Figure 8 is a timing diagram illustrating the 
timing pulses derived from the NTSC signal for 
enabling the gate elements of Figures 6 and 7. 



Description of the Preferred Embodiment 



Referring now to Figure 1 , there is shown an 
amplitude versus frequency spectrum plot of a 
broadcast signal produced in accordance with the 
present invention. The spectrum includes a stan- 
dard NTSC modulated signal in an upper channel. 35 
referred to in the following as the main channel 
MC. The carrier C is located at 1.25 MHz above 
the lower band edge for this channel. The main 
channel MC occupies a bandwidth of 6 MHz, as 
shown by its bandwidth function BF-MC. The stan- to 
dard color subcarrier CSC and sound carrier SC 
are shown within the main channel containing the 
standard NTSC broadcast spectrum. 

The additional information transmitted in HDTV 
must not interfere with the operation of NTSC re- 45 
ceivers presently serving the public. As the radio 
frequency spectrum is a valuable public resource, 
the amount of additional spectrum required for 
HDTV should be held to a minimum. One possibil- 
ity of meeting these requirements is to transmit the *so 
additional information in the lower adjacent TV 
channel AC as those frequencies are not used for 
broadcasting in the same or nearby communities, 
and presently serve in a guardband locally. Use of 
these lequencies as other programming channels, 55 
if possible, would increase the efficiency of the 
spectrum utilization, however, new and novel mod- 
ulation techniques would be required to permit 
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continued operation of NTSC roceivors in these 

—communities: 

Additional to the standard NTSC broadcast 
spectrum, there is shown an augmentation signal 
spectrum AS which comprises a frequency spec- 
trum extending into the lower adjacent channel AC. 
The amplitude of the spectrum, indicated by its 
bandwith function 8F-AC. is generally limited to be 
10 dB below the broadcast carrier level. The addi- 
tional augmentation signal sideband is in phase 
quadrature to the carrier, and to the main channel 
sideband information. 

Modulating a carrier signal having the same 
frequency as the standard broadcast signal but in 
phase quadrature thereto with the augmentation 
signal produces a set of sidebands symmetrical 
with the broadcast carrier. These augmentation sig- 
nal sidebands and their suppressed quadrature car- 
rier are filtered so that most of the upper sideband 
energy is suppressed at 1.25 MHz above the pic- 
ture carrier, the picture carrier is attenuated 6 dt 
and the spectrum 1.25 MHz below the carrier is not 
attenuated. 

The filter function from the upper band edge of 
the lower adjacent channel and main channel de- 
creases linearly with frequency. The picture carrier 
frequency is attenuated 6 dB. The filter slope re- 
mains linear up to the stop band which is 1.25 MHz 
above the carrier frequency. A second stop band 
exists at the lower bandwidth edge of the lower 
adjacent channel. The frequency spectrum pro- 
duced from the augmentation signal is therefore 
confined to its lower sideband having most of its 
energy below the carrier frequency. Only a small 
portion of the upper sideband energy remains in 
the frequency spectrum between the carrier fre- 
quency and 1.25 MHz above the carrier frequency. 

The Nyquist filter amplitude response is gen- 
erally shown in Figure 3B. Figure 3B illustrates a 
Nyquist response which has a negatively decreas- 
ing function which is linear, beginning at the band 
edge between the upper and lower channels. The 
amplitude further at the carrier frequency is 6 dB 
attenuated from the band edge amplitude level. 
The standard NTSC television receiver generally 
has an IF signal passband as is shown in Figure 
3A. The frequency amplitude function in the region 
of the carrier or corresponding intermediate fre- 
quency signal, is shown to be generally comple- 
mentary to that of Figure 3B. As can be seen in 
Figure 3A, the lower sidebands of the intermediate 
frequency signals are subject to an attenuation 
which is greater than those of the upper sideband. 
The IF signal passband of Figure 3A will include a 
quadrature component representing the augmenta- 
tion signal having an upper and lower sideband 
which are substantially equal. It is necessary to 
filter the quadrature RF signal according to Figure 
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— 3B"BefdTe _ rra'nsmitting-the-same-in-order-to-pro- — 
duco symmetrical-quadrature sidebands for the re- 
ceived quadrature signal after filtering by the inter- 
mediate frequency signal passband filter. Quasi- 
synchronous and true synchronous detectors will 
reject the present quadrature signal sidebands 
which appear with the in-phase NTSC IF signal 
sidebands. 

Television receivers employed envelope detec- 
tion of the intermediate frequency picture signal 
before the development of quasi-synchronous vid- 
eo detector integrated circuits some twelve years 
ago. 

The quasi-synchronous videodetector differs 
from an envelope detector in that it synchronously 
detects the modulation by regenerating the carrier 
frequency (at IF) and it is this regenerated carrier 
which controls the conduction of the detecting 
means. The bandwidth of this carrier regeneration 
circuit is typically a few hundred kilohertz, although 
it could be made arbitrarily smaller. Quasi-synchro- 
nous video detectors are now in use in North 
America. True sychronous video detectors have 
much smaller bandwidth in their carrier recovery 
circuit. It is expected that any present usage of 
envelope detection will soon end due to the eco- 
nomic advantages of the newer detection process. 

Compatibility of the proposed schomo with 
NTCS receivers is therefore compatibility with re- 
ceivers having quasi-synchronous video detectors, 
and not . those few older receivers still in service 
having envelope detectors. It is thought that such 
receivers will be out of service by the time a new 
system of broadcasting can be implemented. 

The carrier regeneration process in quasi-syn- 
chronous detectors must provide a carrier signal to 
the detection means at the correct phase to de- 
modulate the wanted information. This means in 
the case of NTSC receivers, the carrier must be in- 
phase with the NTSC component, and would there- 
fore be in quadrature with the additional signal 
transmitted on the same carrier frequency for 
HDTV. 

The augmentation information, which is in 
phase quadrature with the standard NTSC video 
signal, is compatible with existing television receiv- 
ing sets having quasi-synchronous video de- 
modulator circuits. No additional carrier component 
is transmitted. The augmentation signal is pro- 
duced by a balanced modulator which fully sup- 
presses the carrier. Most of the upper sideband is 
suppressed as well. The resulting lower sideband 
is combined linearly with the standard NTSC 
broadcast signal to provide the spectrum of Figure 
1. Standard television receivers equipped with 
: quasi-synchronous demodulation detectors will not 
detect the additional quadrature component con- 
taining the augmentation signal. Only a very low 



— level-of-poweris-introduced-into-the-lower-adjaeent — 
channel spectrum by the higher order lower 
sidebands, and will not constitute interference with 
other stations in adjacent localities. Power in the 
sidebands contained from augmentation signal 
modulation of the carrier decreases rapidly as the 
frequency separation from the carrier increases, 
thus reducing the potential interference into a sig- 
nal broadcast in the lower adjacent channel. 

The picture signal according to NTSC stan- 
dards modulates the carrier approximately 58% 
depth of modulation, white being 12 1/2% and 
black 75%. 

The quadrature signal being transmitted uses 
balanced modulation with zero amplitude at 50 IRE 
scale units (mid-gray) and 29% carrier representing 
both black and white (but with opposite phase). 
Furthermore, the highest amplitude sidebands pro- 
duced by the modulation process are attenuated at 
the transmitter by 6 dB. Taking these factors into 
account, it is seen that the power radiated in the 
lower adjacent channel (for equal signal-to-noise 
ratios) is small and is generally a function of the 
modulating video signal. It should also be noted 
that there is no aural carrier radiated in the lower 
channel. 

Furthor reduction in possible interference with 
rocoption of the broadcasts on the lowor adjacent 
channel in distant cities can be obtained by means 
of improved antenna directivety, where the HDTV 
signal is broadcast with circular polarization. In 
such cases, a circularly polarized receiving antenna 
can further attenuate the unwanted lower sideband 
of the HDTV transmission. 

Referring to Figure 2A, the frequencies and 
amplitudes of both sidebands of a vestigial 
sideband signal at the output of the IF filter in the 
receiver is shown. This represents the case for 
baseband frequencies below 1.25 MHz which am- 
plitude modulate the picture carrier in a standard 
NTSC signal. The frequency above the carrier in 
the upper sideband is denoted USB, and the fre- 
quency below the carrier in the lower sideband is 
denoted LSB. 

The phase relationship of these frequencies 
USB and LSB with respect to the picture carrier 
phase CP defined by the horizontal axis is shown 
in Figure 2B. The carrier phase CP remains station- 
ary, while the phase vector USB rotates coun- 
terclockwise and the phase vector LSB rotates 
clockwise at an angular velocity determined by the 
frequency separation between the sideband com- 
ponents and the carrier frequency. The sum of 
these components is shown by the vector SUM 
which is a phase vector rotating at the same an- 
gular frequency, but whose amplitude traces out 
. the elliptical path shown. 

For a standard NTSC signal, the vector SUM of 
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Figure 28 is added to^e^arrier phase vector CPV 

— as _ shown _ in _ Figure _ 2Cr-The _ carrier _ amplitude _ and 

phase as a 'function of timo lies on Iho elliptical 
path shown. The carrier CDCM for OC modulation 
is shown by the dashed vector which lies on the s 
carrier phase axis with no phase offset at any time. 
Note that for frequencies above DC. the amplitude 
modulation CAM is large (major axis of ellipse) 
while the phase modulation is small (minor axis of 
ellipse). Thus, an essentially constant phase am- 10 
plitude modulated signal is produced. 

The quadrature phase, suppressed carrier sig- 
nal produces a similar pair of inequal amplitude 
sidebands which is the mirror image of those 
shown in Figures 2A and 2B. with the carrier phase is 
shilted 90 " with respect to the NTSC main channel 
picture carrier. Thus. Figuro 2B is rotated 90* to 
represent the locus of all phases of the quadrature 
modulation signal with respect to the main channel 
carrier. The resultant carrier amplitude and phase 20 
for the picture carrier with quadrature vestigial 
sideband modulation is shown in Figure 2D. The 
carrier for DC modulation in the quadrature channel 
is shown by the dashed vectors which lie per- 
pendicular to the carrier phase axis. The upper 25 
dashed vector VI represents the DC induced 
phase component of the quadrature signal. The 
bottom dashed vector V2 illustrates the effect of 
shifting the quadrature added components 180*. 
The net result is an average phase which Has not ao 
changed. Thus, a constant phase error of the resul- 
tant main channel picture carrier is produced. 

The constant phase of the resultant main chan- 
nel picture carrier and a quadrature modulation 
signal with a 180' phase inversion of the quadra- as 
ture suppressed carrier is also shown in Figure 20. 
The same phase error magnitude results, but in the 
opposite angular direction from the main channel 
in-phase picture carrier. 

In order to avoid the shift in carrier phase to 
which would accompany a DC component con- 
tained in the quadrature component, the present 
invention proposes to switch the carrier phase 
quadrature added component 1 80 " on alternate 
lines of the video signal. Thus, the average carrier 45 
phase error due to any DC component would be 
effectively average to zero. As is shown in Figure 
2D. switching the lower sideband quadrature com- 
ponent 180 tends to pull the carrier phase in an 
opposite sense during alternate lines of video aug- 50 
mentation signal. The average phase for the carrier, 
when switching the quadrature added component 
180 is therefore substantially zero. By providing 
for alternate line phase inversion of the quadrature 
added component, the effects of DC components 55 
contained in the augmentation signal sideband on 
carrier phase are minimized. Standard television 
receivers equipped with quasi-synchronous detec- 
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tors will therefore see an accurate carrier phase 
with which to generate the necessary reference 
signal for demodulating Iho standard NTSC upper 
sideband components. 

Turning now to Figures 4A and 4B. there is 
shown one line of a standard NTSC video signal 
amplitude versus time function, and a line of aug- 
mentation video signals. The familiar blanking inter- 
val Bl containing a sync pulse and colorburst are 
shown, followed by an active line portion ALP of 52 
microsseconds. During the active line portion ALP. 
the luminance information for display on the CRT 
screen is used to modulate the beam intensity of a 
cathode ray tube. Additionally, an augmentation 
signal is transmitted and received at the same 
time, containing left panel LP, right panel RP, 
LD/HD and digital audio DA information. The loft 
and right panols are, of course, Iho remaining video 
information comprising the additional width for a 
wide aspect picture. The additional width informa- 
tion is contained in 18 microseconds per line intei 
val and can be joined to a standard NTSC video 
frame to provide a wider aspect ratio picture. Addi- 
tionally, vertical and horizontal resolution compo- 
nents are transmitted as LD and HD components, 
followed by a digital audio signal DA which can be 
used with the standard NTSC audio signal to pro- 
vide improved sound quality for television, includ- 
ing stereophony. 

The present invention may provide for a sup- 
pression of all quadrature components contained in 
the spectrum of Figures 1 and 2 during at least a 
portion S of the blanking interval of each NTSC 
video signal. It is also possible to transmit informa- 
tion I during the remaining portion of horizontal 
blanking intervals using the quadrature channel, 
provided that the information is bandpass limited, 
between 1.25 and 7.25 MHz and its mean value is 
50 IRE. at which level the modulator 33 output i.« 
zero. Thus, except for such data signals, durinc, 
blanking the only transmitted signal is an NTSC 
standard video signal having an in-phase carrier 
and in-phase sideband components. This interval is 
advantageously used in a preferred embodiment of 
the invention to generate- an accurate carrier regen- 
eration at the receiver since the true phase of the 
carrier is known when quadrature components to. 
which the NTSC channel may be responsive, that 
is. components below 1.25 MHz at baseband are 
fully suppressed. The lower sideband of the 
quadrature signal may convey information at fre- 
quencies above the effective bandwidth of the car- 
rier recovery circuitry during the horizontal blanking 
period without any adverse effect upon the accu- 
racy of the carrier recovered. Additionally, during ' 
the left panel and right panel time, and during 
transmission of any component having a DC com- 
ponent, the effect of the DC component is avoided 
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by switching the phase of the quadrature compo- 
nents on an alternate line basis 180*- lor the 
quadrature modulated augmentation signal. 

Having generally described the nature of the 
signal which is produced in accordance with the 
transmission system of the present invention, refer- 
ence may be made to Figure 5 which illustrates a 
technique for generating the signals of Figures 1 
and 2. An HDTV source 10 is shown, connected to 
a transcoder 11. The HDTV source 10 may pro- 
duce an 1125 line, 60 field per second, 2 to 1 
interlaced studio standard television signal. Tran- 
scoder 11 would convert the HOTV source signal 
10 to that required by encoder 12. The encoder 12 
will receive R. G, B inputs of 525 lines per picture, 
progressive scan. The non- interlaced video in- 
formation provides a picture at 59.94 fields per 
second, with an aspect ratio of 16 to 9. 

The encoder 12 also provides horizontal blan- 
king pulses BP identifying the horizontal blanking 
time for each line of video signal being transmitted. 
The horizontal blanking pulses occur at the 525 line 
rate, synchronized with the NTSC signal produced 
by encoder 12. 

One of the outputs of the encoder 12 is a 
standard NTSC video signal SV of Figure 4A. 
which is applied to a modulator 15. A sideband 
filter 20 suppresses the lower sideband of the 
NTSC modulated carrier signal supplied by carrior 
generator 14. The resulting signal from sideband 
filter 20 lies within the allocated bandwidth of a 
main NTSC channel containing standard NTSC vid- 
eo program information. 

The augmentation signal AS supplied from the 
encoder 12 which may be in the format of Figure 
48 is AC coupled through a capacitor 21. Gate 22 
will DC-restore the video signal during a portion of 
.the blanking interval. During this portion of the 
blanking interval,' established by monostable mul- 
tivibrators 26 and 27, or other suitable timing 
means, the capacitor 21 is briefly connected to 
ground level, providing DC restoration of the aug- 
mentation video signal AS. This DC restoration 
time occurs for a pulse width of approximately 3 
microseconds, as established by the monostable 
multivibrator 27. Multivibrator 27 is triggered after a 
delay of 1 microsecond generated by monostable 
multivibrator 26. Monostable multivibrator 26 is in 
turn triggered by the leading edge of the horizontal 
blanking interval which is synchronized with signals 
from the encoder 12. The resulting clamping action 
provides for a DC voltage level of zero volts to the 
input of transmission gate 28. This corresponds to 
the black video level, 0 IRE units in the standard 
IRE scale, where white is 100 IRE and mid-gray is 
50 IRE. During the active line time, which occurs 
between, horizontal blanking intervals, the active 
video signal is fed through transmission gate 28 to 



the input of balanced modulator 337"" During - the - 
blanking time, however, transmission gate 28 is 
non-conductive by virtue of its control inputs being 
connected to the horizontal blanking pulse. 
5 Additionally, during the horizontal blanking time 

for the video signal, transmission gate 32 is oper- 
ative so that modulator 33 is fed with a reference 
level, established by potentiometer 34 to establish 
a. 50 IRE video signal level (or application to the 
io balanced modulator input 33. This constitutes a 
bias level for modulator 33 so that during blanking, 
the modulator output is fully suppressed. During 
the active line portion, between blanking intervals, 
video levels above 50 IRE produce an output in 
/s phase with the input carrier signal, whereas video 
levels below 50 IRE produce an output phase shift- 
ed 180* from the input carrier signal phase. 

If it is desired to transmit data during the 
horizontal blanking interval, said data signal may 
20 be coupled by capacitor 36 and resistance 35 to 
gate 32 from the data source 37. Said data spec- 
trum must lie in the frequency range above 1.25 
MHz and below 7.25 MHz. 

Digital data must be channel coded so that 
25 below 1.25 MHz there is no significant spectral 
component. Such a component, if present, would 
cause a phase error in quasi-synchronous NTSC 
receivers. The data must be confined in a fixed 
portion of the horizontal blanking intorval. The re- 
oo maining portion of (ho horizontal blanking intorval is 
left free of any quadrature signal to permit a phase 
calibration interval lor. the augmentation signal de- 
modulated at the users receiver. This data trans- 
mission portion of the blanking interval is achieved 
35 by synchronizing the data stream produced by 
data source 37. The data source 37 may be config- 
ured to produce a data stream in the later portion 
of the horizontal blanking inteval. leaving the earlier 
portion free for calibration purpose's. Biphase of 
40 Manchester coding of the data would provide the 
necessary spectral shaping. 

The input carrier signal phase is controlled by 
a doubly balanced modulator 16 connected through 
an input terminal to a phase shifter 13. Phase 
45 shifter 13 will, provide a 90' phase shifted carrier, 
constituting a quadrature carrier having the same 
frequency as the standard NTSC signal produced 
by modulator 15. This quadrature related carrier 
signal is applied through modulator 16 and gate 18 
so as an RF input signal to modulator 33. 

The phase of the output of doubly balanced 
modulator 16 is controlled by a switching signal 
applied from a divider 24 and NAND gate 30 to an 
inverter 25. During the active portion of even num- 
ss bered video lines, the output signal of modulator 16 
is in phase with its input. This also results during 
horizontal blanking intervals. During the active por- 
tion of odd numbered video lines, the output of 
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doubly balanced moduiaTbr 16 is 180 out of 
phase witFTits - inputTThe - alterrTate~line phase sRift= 
ed carrier signal is received by transmission gate . 
18. Means 18 may be operationally convenient to 
assist in checking for carriersuppression by dis- 
abling said means manually through switch 17 and 
noting whether there is any change, in carrier power 
during blanking. The quadrature modulated carrier 
signal produces by modulator 33 is applied to a 
Nyquist sideband filter 28. Sideband filter 38 is 
selected to suppress the upper sideband set pro- 
duced by modulator 33, leaving the lower sideband 
set which resides in the lower adjacent channel. 
This filter 38 attenuates the upper sideband fre- 
quencies produced by the augmentation signal AS. 
The filter has an amplitude response, as is shown 
in Figure 38. The filter response is selected so that 
virtually all upper sideband components which lie 
1.25 MHz above the carrier frequency are elimi- 
nated. The Nyquist filter function permits 
quadrature-produced modulation components be- 
low the band edge frequency to pass with negli- 
gible attenuation. The filter characteristic for the 
Nyquist filter is selected to have a linear decreas- 
ing slope, beginning at the band edge between 
upper and lower adjacent television channels. The 
filter response at the picture carrier frequency is 6 
d8 down from the band edge. The other stop band 
for filter 38 is at the lower band edge of the lower 
adjacent channel. 

The filtered quadrature sideband signal is com- 
bined in signal combiner 23 to produce the com- 
posite RF video signal spectrum as is shown in 
Figure 1. This, of course, may be applied to a 
frequency converter to up or down convert the 
signal to the desired broadcast channel frequency. 

Having thus described the nature of the signal, 
and a technique for generating the signal for trans- 
mitting the HDTV signal in accordance with the 
invention, a receiving apparatus suitable, for de- 
modulating the transmitted signal will be described 
with respect to Figure 6. 

Referring now to Figure 6, there is shown a 
receiving circuit for demodulating the NTSC video 
signal. The circuit of Figure 6 includes a carrier 
regeneration circuit which provides a local carrier 
signal at the nominal picture IF frequency, which is 
in phase with the transmitted NTSC carrier signal. 
The output of the carrier regeneration circuit is 
applied to an augmentation signal demodulator 
ASD shown in Figure 7. The carrier regeneration 
circuit of Figure 5 is a phase locked loop having a 
voltage controlled oscillator 76. The loop is respon- 
sive to an error signal from DC to a cut-off fre- 
quency determined by low pass filter 71 or 72. In 
order to avoid the consequences of a significant 
DC component as a result of tho quadrature modu- 
lating signal, a time gated frequency control is 



implemented. 

Tfienntermediate^requency - signarproducecl'By - 
a television receiver equipped to receive HDTV 
broadcasts is applied to a first intermediate fre- 
quency amplifying stage 45. This amplified inter- 
mediate frequency signal is applied to gate 46. 
Gate 46 'is conductive during the latter portion of 
tho horizontal blanking interval, as well as during 
the active line time. The gated intermediate fre- 
quency signal is applied to the Nyquist filter 48 
having the general frequency characteristic shown 
in Figure 3A, and to the augmentation signal de- 
modulator ASD of Figure 7. 

The gated intermediate frequency signal is 
known to have a true phase during the horizontal 
blanking interval with respect to the transmitted 
NTSC carrier and upper sideband. Product detec- 
tors 56 and 57 will demodulate the intermediate 
Irequency signal using the local carrier generated 
from voltage controlled oscillator VCO 76. The 
phase shift 90 ' is introduced between the re 
ferecce inputs of each product detector 56 and 57 
to provide an in-phaso component corresponding 
to the NTSC baseband signal BS, and a quadrature 
phase component which provides the error signal 
for the voltage controlled oscillator 76. 

The control voltage for the voltage controlled 
oscillator 76 is applied through two gates 73 and 
74. Gate 74 is operative when the voltage con- 
trolled oscillator 76 is determined to be in carrier 
phase synchronization with the transmitted NTSC 
signal components. Gate 73 is operative during 
acquisition of the phase synchronization between 
voltage controlled oscillator 76 and the NTSC car- 
rier signal. During a carrier acquisition stage, the 
filter 72, having a wider bandwidth than that of 71,. 
will permit the phase locked loop sufficient band- 
width to locate and lock to the transmitted NTSC 
picture carrier. 

Control over the bandwidth or the phase locked 
loop structure of Figure 6 is implemented by sam- 
pling the NTSC baseband signal and integrating 
the samples. As the level of this signal increases to 
a threshold for flip flop 70, the flip flop will be 
operative to switch transmission gates 73 to an 
OFF condition, and 74 to an ON condition, wherein 
the narrower filter 71 feeds a control voltage to 
voltage controlled oscillator 76. Sampling of the 
NTSC baseband demodulated signal is accom- 
plished as will be evident with respect to Figure 8, 
only during the interval corresponding to the sec- 
ond portion of the blanking interval for the standard 
NTSC video signal. As was explained with respect 
to Figures 3A and 3B, the NTSC carrier transmitted 
during the horizontal blanking interval is free of any 
quadrature components greater than 1.25 MHz. Ad- 
ditionally, the NTSC carrier signal is at its maxi- 
mum amplitude during the horizontal blanking inter- 
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val while any noise~is constanrin-amplitude— Thus; 
it is possible for tho carrier regeneration circuit of 
Figure 6 to lock and establish the true carrier 
phase at this time with ample signat amplitude to 
correctly synchronize. During the remaining portion 
of the video signal, gates 60 and 64 are disabled 
so that the VCO 76 remains locked at a carrier 
phase determined during the latter portion of each 
horizontal blanking interval. 

The error voltages obtained during this sam- 
pling time are stored on capacitors 66 and 68. 
Amplifiers 67 and 69 provide a buffer function for 
these stored voltages. 

Video signals coupled through capacitors 61 
and 62 aro DC restored by gates 59 and 63 during 
the first portion of the blanking interval. 

Referring to Figure 8. the various signals nec- 
essary to provide DC restoration and sampling aro 
shown. These signals are derived from the NTSC 
video signal (waveform a) produced from the NTSC 
sychronous video detector 56. A sync separator 51 
will provide the horizontal sync show in waveform b 
of Figure 8, as well as a vertical synchronization 
pulse. Deflection circuitry 53. in the conventional 
manner, will produce horizontal deflection pulses 
(waveform c) at twice the horizontal sync pulse 
interval rate and synchronized thereto. As the 
HDTV system operates on a scan rate twice the 
conventional NTSC scan rate, horizontal deflection 
pulses necessarily are at this enhanced scanning 
rate. 

A pulse generator 52 operates from the hori- 
zontal deflection pulses 54. Pulse generator 52 will 
divide the horizontal deflection rate (54) by two as 
shown in waveform d of Figure 8. The divided 
horizontal deflection pulse rate is used to generate 
a waveform e which represents the period of the 
NTSC horizontal blanking interval which occurs be- 
tween the leading sync pulse edge, and end of 
blanking interval. These pulses have been des- 
ignated PO. Additionally, a gate time P3 is gen- 
erated which occurs between the leading edge of 
the horizontal synchronization pulse and the end of 
horizontal blanking time. As can be seen from 
waveform f, this occurs at an alternate rate, cor- 
responding to the even fields of the video signal. 
. Thus, it is possible to accurately mark that portion 
of the video signal having the alternate line phase 
reversal using P3, as described with respect to 
Figure 4B. 0 indicates non-inverted phase and 
$ indicates inverted phase. 

Waveforms g and h of Figure 8 illustrate pulses 
P1 and P2. identifying that portion of the blanking 
interval measured between the leading edge of the 
sync pulse and midway through the blanking inter- 
val. P2 illustrates a pulse which begins at the 
trailing edge of P1 and ending when the horizontal 
blanking period ends. 



-These-pulses-as-applied-tO-those_gates_shovvn 

in Figure 6. permit the IF signal to pass through 
gate 46 during the NTSC video signal time, exclude 
ing that occupied by pulse PL Additionally, gates 
59 and 63 provide DC restoration during P1. The 
remaining portion of the horizontal blanking interval, 
as identified by pulse P2 will provide for a sam- 
pling of the NTSC in-phase and quadrature phase 
components via product detectors 56 and 57. The 
quadrature component is used to form a phase 
control voltage for VCO 76, while the in-phase 
component (the NTSC video signal) is also in- 
tegrated and used to control the bandwidth of the 
phase locked loop formed from voltage control 
oscillator 76 and product detector 57. 

Having thus illustrated how a local carrier re- 
generation is accomplished in a receiving appara- 
tus for HDTV television receivers, reference may 
bo had to Figure 7 wherein a demodulator for tho 
quadrature augmentation signal is shown. The 
quadrature augmentation signal is also demodu- 
lated using synchronous detection techniques. 
However, the quadrature augmentation signal com- 
ponent contained in the baseband IF signal will 
suffer phase delays due to signal processing in the 
IF stages of the receiving apparatus. It is therefore 
required to adjust the reference carrier used for 
demodulating the quadrature augmentation signal 
so that it represents the true phase of the original 
carrier signal transmitted by the apparatus of Fig- 
ure 5. 

The circuitry of Figure 7 first includes an IF 
filter 79 which has an upper stop band approxi- 
mately 1.25 megacycles above the carrier. The 
lower stop band for the signal filter 79 is located at 
the lower edge of the lower adjacent channel. The 
filtered signal is applied to first and second product 
detectors 80 and 81 . Each of these product detec- 
tors are fed with a reference signal to demodulate 
a component of the augmentation signal contained 
in the IF signal. 

The reference carrier frequency use for this 
demodulation is obtained from the VCO 76 of Fig- 
ure 6. The reference carrier is accurately adjusted 
in phase by using amplitude modulators 93 and 94. 
These modulators will function as an attenuator 
unit, combining a quadrature component from 
phase shifter 96 with an in-phase component of the 
reference carrier. RC. By adjusting the relative lev- 

j els of the signals produced by modulators 93 and 
94. it is possible to adjust the phase of the result- 
ing reference carrier signal RC. A summing net- 
work 97 will combine the outputs of modulators 93 
and 94 to provide the reference carrier having a 

5 phase selected in accordance with the relative sig- 
nal magnitudes from each of the modulators 93 
and 94. The resulting reference signal is supplied 
to a balanced modulator 99 which will be under 
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control ol pulse P3 of f"^"ne 8, thereby providing 
— alternate-line-phase-reversal-of-the-car.riar— refers— 
ence signal to' each product detector 80 and 81. 

The adjustment of the phase for the reference 
carrier is carried out during the interval defined by 
pulse P2 of Figure 8. During the portion of the 
horizontal blanking interval, identified by P1 of Fig- 
ure 8 occurring between the leading edge of the 
sync pulse and within 3 microseconds (indicated 
by L-3) thereafter. DC restoration is provided by 
gates 86 and 91 for video signals coupled through 
capacitors 83 and 84. The following portion of the 
blanking interval as identified by pulse P2 will 
sample the outputs from each of the product detec- 
tors 80 and 81. The sampled outputs are applied to 
integrating circuits 88 and 89. As will be recalled 
from discussions of Figures 3A and 38. the phase 
of the received carrier signal during the second 
portion of the blanking interval identified by P2 is 
that of the NTSC carrier, as all quadrature compo- 
nents less than 1.25 MHz are suppressed. Thus, 
the true phase of the received carrier signal, after 
conversion to the IF signal and being filtered 
through the IF filter 79 is represented by the out- 
puts of product detectors 81 and 80. The proper 
carrier phase for recovering the quadrature modu- 
lated signal is 90* from the NTSC signal. Using 
this relationship, the NTSC signal can be shifted 
90* to generate the required reference signal. 

The portion of the blanking interval, P2, con- 
tains no quadrature signal components below 1.25 
MHz. Components above 1.25 MHz are outside the 
bandwidth required of the phase controlled circuit, 
and produce no detectable phase error. The vol- 
tages derived during this interval of time having 
been integrated- by integrators 88 and 89 are ap- 
plied to control the signal levels for balanced 
modulators 93 arid 94 in a magnitude such as to 
. reduce the. total phase error produced by product 
detectors 80 and 81. P3 will control phase switch- 
ing of modulator 99. Thus, accurate phase regen- 
eration for product detectors 80 and 81 is achieved 
during that portion of the blanking interval during 
which the phase is accurately known. P3 will switch 
the phase of the reference signal to product detec- 
tors 80, 81 during the active line portion of odd 
linos providing reinversion of odd lino periods. 

Thus, there has been described a receiving 
apparatus for regenerating a local carrier signal, as 
well as for demodulating the quadrature augmenta- 
tion signal contained in the HDTV broadcast. Those 
skilled in the art will recognize yet other variations 
and- embodiments of these techniques for imple- 
menting the invention. 



Claims 

1. A method for transmitting an augmentation 
video signal for increasing the width and informa- 

5 tion content of a standard picture represented by a 
standard video signal comprising: 
generating a radio frequency carrier signal for a 
channel of the standard television broadcast spec- 

w modulating said carrier signal with said standard 
video signal to produce an amplitude modulated 
carrier signal; 

modulating said carrier signal with said augmenta- 
tion video signal to produce an amplitude modula- 

»5 tion component in quadrature with modulation pro- 
duced by said standard video signal; 
suppressing the upper sideband of said quadrature 
amplitude component, whereby substantially all of 
said quadrature amplitude components are within a 

20 bandwidth allotted to a lower adjacent channel; 
and. 

switching the phase of said quadrature components 
180* during alternate lines of said standard video 
signal, whereby the effects of a DC component in 
25 said augmentation signal on the mean phase of 
said carrier phase is removed. 

2. The method of claim 1 wherein said carrier 
signal is phase reversed only during portions of. 
said augmentation signal which contain a DC level. 

oo 3. The method of claim 1 further comprising 1 

filtering said augmentation signal so that the am- 
plitude of said lower sideband containing said aug- 
mentation signal components decreases near said 
carrier frequency as a substantially linear function. 

35 4. The method of claim 1 further comprising', 

suppressing said quadrature component bearing 
said augmention video signal during said horizontal 
blanking period. 

5. A method for demodulating an augmentation 

io signal and standard video signal modulated on a 
carrier signal of a standard broadcast channel, 
comprising: 

generating an intermediate frequency signal from 
said modulated carrier signal; 

•<5 generating a local carrier for demodulating said 
broadcast channel by establishing a phase of a 
voltago controlled oscillator during a blanking intor- . 
val of said standard video signal by applying a 
control voltage proportional to the difference in 

so phase between said voltage controlled oscillator 
signal and the phase of said intermediate frequen- 
cy signal, whereby said oscillator assumes a con- 
stant phase with respect to said intermediate fre- 
quency signal; 

55 compensating said local carrier for phase delays 
incurred by said intermediate frequency signal 

comprising: 

determining during a horizontal blanking interval of 
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saidTvideo signal the difference between the phase 
of said local carrier and a relerence phase voltage; 
shifting the phase of said local carrier signal in a 
direction to reduce said difference; and. 
phase demodulating said intermediate frequency 
signal with said shifted local carrier signal, whereby 
said augmentation signal is produced. 

6. The method of claim 5 wherein said refer- 
ence phase voltage is the intermediate frequency 
signal during said horizontal blanking period. 

7. The method of claim 5 further comprising 
alternately phase shifting said local carrier signal 
1 80 ' . 

8. The method of claim 5 further comprising 
holding the phase of said local carrier signal con- 
stant between blanking intervals. 

9. A method for transmitting an augmentation 
video signal for increasing the width and resolution 
of a standard video signal comprising: 
generating in phase and quadrature phase compo- 
nents of a carrier signal of a television channel; 
modulating said in-phase component of said carrier 
signal with a standard NTSC video signal; 
modulating said quadrature component of said car- 
rier signal with said augmentation video signal, 
whereby upper and lowor sideband components of 
said quadrature component are produced; and 
combining said lower sideband of said quadrature 
component containing said augmentation video sig- 
nal with said in-phase modulation components, 
whereby said modulated carrier signal is produced 
having a quadrature component in a lower adjacent 
channel containing said augmentation signal. 

10. The method of claim 9 further comprising 
suppressing said quadrature carrier component as 
well as said upper sideband component produced 
by said augmentation signal. 

11. The method of claim 9 further comprising 
suppressing changes in the mean phase of said 
quadrature signal produced by a DC component 
contained in said augmentation signal. 

12. The method of claim 9 wherein said upper 
sideband is suppressed using a filter having a 
reverse Nyquist response. 

13. The method of claim 12 wherein said filter 
has an amplitude versus frequency response which 
decreases linearly beginning at a frequency at an 
upper edge of said lower adjacent channel. 

14. An apparatus for transmitting an augmenta- 
tion video signal along with a standard video signal 
comprising: 

a carrier generator for generating a carrier signal 
having in-phase and quadrature phase signal com- 
ponents at a frequency of a standard television 
channel; 

modulator means for . modulating said in-phase 
component with said standard video signal and 
said quadrature phase component with said aug- 



mentation video signal; 

means for suppressing an upper sideband pro- 
duced by modulating said quadrature component, 
whereby only a lower sideband produced by modu- 

5 lating said quadrature component remains: and. 

means operative during a blanking interval of said 
video signal for suppressing all quadrature related 
modulation components, whereby only in-phase 
signal components aro produced during said blan- 

w king interval. 

15. The apparatus for transmitting according to 
claim 14, further comprising means for alternately 
switching the phase of said quadrature compo- 
nents, whereby the quadrature signal for adjacent 

is video lines have opposite phases. 

16. The apparatus of claim 14 wherein said 
means for suppressing said upper sideband is a 
reverse Nyquist filter having a linearly decreasing 
amplitude versus frequency response in the vicinity 

20 of said carrier signal frequency. 

17. The apparatus of claim 14 comprising 
means for suppressing an unmodulated quadrature 
component whereby only a remaining lower 
sideband quadrature remains. 

25 18. The apparatus of claim 15. wherein said in- 

phase and quadrature components are alternately 
switched only during portions of said augmentation 
signal. 

19. The apparatus of claim 16 wherein said 
30 reverse Nyquist filter linearly decreasing amplitude 

versus frequency response begins at a frequency 
which substantially coincides with said television 
channel lower edge. 

20. In a system for producing high definition 
35 television signals which include a standard video 

signal transmitted as an upper sideband, and an 
augmentation video signal, transmitted as a lower 
sideband of a single carrier frequency, a receiving 
apparatus for recovering said augmentation video 
40 signal comprising: 

means for converting a received carrier frequency 
signal containing an upper and lower sideband into 
an intermediate frequency signal which contains an 
unmodulated component and in-phase and quadra- 
ts ture phase components; 

means for generating a local carrier signal having a 
frequency and phase locked tp the frequency and 
phase of said unmodulated component contained 
in said intermediate frequency signal; 
so means for phase shifting said local carrier signal to 
obtain a substantially 90* phase relationship with 
quadrature modulation components contained in 
said intermediate frequency signal; and 
means for phase demodulating said quadrature 
55 components using said local carrier. 

21. The receiving apparatus of claim 20 
wherein said means for generating said local car- 
rier signal comprises: 
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.means for gating said intermediate frequency s 



naTduring an interval~when said _ intermediate _ fre- 
quency signal is known to contain only in-phase 
components; and. 

a phase locked loop connected to receive a signal 
from said means for gating, said phase locked loop 
including a voltage controlled oscillator becomes 
phase locked during said interval with a component 
of said intermediate frequency signal. 

22. The receiving apparatus of claim 20 
wherein said means for phase shifting comprises: 
means for dividing said local carrier signal into first 
and second quadrature related components; 

first and second modulators for receiving said first 
and second quadrature related components and 
controlling the amplitude of said components; 
means for combining said amplitude controlled 
quadrature related components; 
first and second phase detectors connected to re- 
ceive said combined related components and said 
intermediate frequency signal; 
first and second sampling means connected to 
each of said phase detectors for sampling and 
holding a voltage from said phase detector repre- 
senting the phase difference between said inter- 
mediate frequency signal and said third and fourth 
components, and applying first and second control 
voltages to said first and second multipliers for 
maintaining said second and third quadrature com- 
ponents in a predetermined phase relationship with 
said intermediate frequency signal. 

23. The receiving apparatus of claim 22, 
wherein said first and second sampling means 
sample said phase detector output at a time when 
said received carrier has a known phase. 

24. The receiving apparatus of claim 23 wherein 
said time of sampling occurs during a blanking 
interval of said standard video signal. 

25. A method for transmitting an augmentation 
video signal for increasing the width and resolution 
of a standard video signal comprising: 
generating in-phase and quadrature phase compo- 
nents of a carrier signal -of a television channel; 
modulating said in-phase component of said carrier 
signal with a standard NTSC video signal: 
modulating said quadrature component of said car- 
rier signal with said augmentation video signal, 
whereby upper and lower sideband components of 
said quadrature component are produced; 
combining at least one of said quadrature compo- 
nents containing said augmentation video signal 
with said in-phase modulation components, where- 
by said modulated carrier signal is produced hav- 
ing at least one quadrature component containing 
said augmentation signal: and, 

alternating the phase of said combined quadrature 
components 180* on an alternate periodic basis. ■ 



whereby the effects of a DC component in : 



augmentation signal - on said carrier signal~phase 
are reduced. 

26. The method of claim 25 further comprising 
suppressing said quadrature carrier component as 
well as a sideband component produced by said 
augmentation signal. : 

27. The method ; of claim 26 wherein said 
sideband is suppressed using a filter having a 
Nyquist response. 

28. The method of claim 12 wherein said filter 
has an amplitude versus frequency response which 
decreases linearly beginning at a frequency at an 
upper edge of said lower adjacent channel. 

29. The method of claim 25 further comprising: 
receiving said modulated carrier signal at a distant 
receiving location; 

converting said modulated carrier signal into an 
intermediate frequency signal; and 
quadrature demodulating said carrier signal pro- 
ducing with a local carrier signal an in phase stan 
dard NTSC video signal, and a quadrature phase 
augmentation signal. 

30. The method of claim 29 further comprising: 
providing an augmentation signal demodulating 
carrier signal from said local carrier signal; and. 
alternately phase shifting said demodulating carrier 
on a line by line basis. 

31. The method of claim 29 further comprising 
establishing the phase of said local carrier fre- 
quency during a blanking interval of said standard 
NTSC signal. 
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© Method and apparatus for transmitting and re- 
ceiving an HDTV signal over standard television ban- 
dwidth channels. The system provides for quadra- 
ture modulation of the standard NTSC carrier with an 
augmentation signal containing components of the 
HDTV signal. The upper sideband portion of the 
quadrature modulation is suppressed along with the 
carrier produced from tho quadrature modulation. 
The resulting lower sideband extends into the lower 
adjacent channel frequency spectrum, and is trans- 
mitted along with the standard NTSC video signal. 
(V} Improved compatibility Is achieved with existing 
^NTSC signals by varying on an alternate line basis 
ggthe phase of the augmentation signal to avoid the 
qq consequence of carrier phase shift from DC compo- 
r-nents in the quadrature modulated signal. A time 
gated demodulator is provided at the receiver for 
r- accurately tracking the phase of the carrier, permit- 
00 ting accurate demodulation of the quadrature aug- 
q mentation signal. A demodulation circuit is described 
having phase shift compensation for removing: the 
2j effects of phase delays incurred during processing 
of the received broadcast signal. 
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© Verfahren fur die dlgitale und/oder analoge Codierung von Information elnes, zweler oder mehrerer 
Kanale und/oder Frequenz- Oder Bandbreitenreduzlerung und/oder Erhohung der 
Ubertragungsslcherheit. 



© Diesbezuglich ist bisher bekannt eine frequenz- 
oder zeitmultiplexe Zusammenfassung von Kanalen. 
Allerdings ist hierfur ein grosser Aufwand und eine 
grosse Bandbreite erforderlich. Bei der Erfindung 
werden die seriell angeordneten Codeelemente ein- 
pgzeln parallel geordnet und alle zusammen zu einem 
i^Codewort vereinigt. Eine Ubertragungssicherheit wird 
in der Weise erreicht, indem die Information in PDM- 
[j^ Pulse umgewandelt wird und dlese Impulse in die 
r-Periodendauern von Halbperioden bezw. Perioden- 
—jdauern umcodiert , die dann in einer ununterbroche- 
5>j nen Folge von positiven und negativen Halbperioden 
fOgesendet werden. 
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Verfahren fur die digitale und/oder analoge Codierung von Information elnes, zweier oder mehrerer 
Kanale und/oder Frequenz oder Bandbreitenreduzierung und/oder Erhohung der Ubertragungssicher- 

heit. 



Die vorliegende Erfindung befasst sich mit ei- 
nem Verfahren fur die digitale und/oder analoge 
Codierung von information eines, zweier oder meh- 
rerer Kanale und/oder Frequenz-oder Bandbreiten- 
reduzierung und/oder Erhohung der Ubertragungs- 
sicherheit. 

Fur die Ubertragung von Information mehrerer 
Kanale Liber einen Weg sind bisher frequenz- und 
zeitmultiplexe Verfahren wie z.B. die Tragerfre- 
qeunztechnik und die Pulscodemodulation bekannt. 
Ein Nachteil dieser Verfahren ist. dass sle grosse 
Bandbreiten und einen grossen Aufwand benoti- 
gen. 

Aufgabe der varliegenden Erfindung ist es die 
Information eines, 2weier oder mehrerer Kanale mit 
v/eniger Bandbreite zu ubertragen und die Informa- 
tion zv/sier oder mehrerer Kanale Liber einen Kanal 
mit weniger Bandbreite als fur die Summe der 
Einzelkanale erforderlich ware, zu ubertragen. Dies 
erfolgt in der Weise, indem die synchron bezw. 
quasisynchron angeordneten Codeelemente der 
yerschiedenen Kanale parallel geordnet werden 
und alle zusammen zu einem Codewort vereinigt 
und ubertragen werden.Ausserdem soli noch die 
■ Ubertragungssicherheit erhoht werden. Dies erfolgt 
in der Weise, indem die PAM-lmpulse in PDM, 
PPM und PFM-lmpulse in sinusfdrmige Halbperio- 
den bezw. Periodenimpulse bezw. Codeelemente 
umgewandelt werden, die in einer ununterbroche- 
nen Folge von positiven und negativen Halbperio- 
den gesendet werden. Die Halbperiodendauer 
bezw. Periodendauer ist dabei ein Mass fUr die 
PDM-PPM und PFM- Impulse. 

Die Erfindung kann z.B. angewendot werden 
zum Zusammenfassen von Telex, Teletex, Telefax, 
digitalen Fernsprech- Datenkanalen. Auch bei Ge- 
meinschaftsanschlussen und Wahlsternschaltern 
kann die Erfindung vorteilhaft eingesetzt werden. 

Weiterhin zeigt die Erfindung Moglichkeiten 
von vorteiihaften Codierungen neuer Fernsehtech- 
niken zur Verbesserung von C-MAC D-MAC, D2- 
MAC usw. Weiterhin kann sie auch eingesetzt wer- 
den bei der Weiterentwicklung des HDTV-Verfah- 
rens. Alle diese neuen Fernsehverfahren sind durch 
einen Bandbreiten mangel in ihren Moglichkeiten 
sehr eingeengt. 

Nachstehend wird die Erfindung an Hand von 
Zeichnungen naher erlautert Diese stellen dar: 

F : ,g.1 Prinzip einer codemultlplexen Anord- 

nung 

Fig.2 Bisherige Erezeugung von Phasen- 
sprungen z.B. bei der 4 PSK 

Fig.3 bis 8 Erzeugung von Phasensprilngen 



Fig. 9 Erzeugung von Amplitudenstufen 
Fig. 10,1 1 und 13 Darstellung einer doppelten. 
QAM und Vektordiagramm einer hoherwertigen Co- 
dierung 

s Fig. 14 Vektordiagramm einer doppelten 

QAM 

Fig. 16 Anordnung der Codierpunkte bei einer 
mehrwertigen Codierung mittels Amplitudengros- 
sen und Phasenlage 
jo Rg.15 Ubersicht filr die Erzeugungvon 

Phasen-und Amplitudenstufen 

Fig.17 Erzeugung von PhasensprUngen 
Rg.1 8,1 9,20,21 ,24,28 Codemultiplexe Bei- 

spiele 

;5 Fig. 22,23 Ubersicht eines Fernsehsenders 

und Empfangers 

Fig.25,26.27 Duplexverkehr uber Leitungen 
und Funk mit nur einem Wechselstrom mit Phasen- 
nachstellung 

so Fig. 29 Kompensierung von Uberlappungen 

Fig.30,31,32 Erzeugung und Umsetzung von 
PDM-lmpulsen in Halbperiodenimpulse 

Fig. 33 bis 38 Erzeugung und Umsetzung 
von PDM- Impulse in einen Wechselstrom 
2S Fig.39 bis 44 Codierungen gemass der Erfin- 

dung fur das Fernsehen 

Fig. 45,46,62,63 Doppelbinare und Doppel- 
duobinare Anordnung von Codeelementen 

Fig.47.48,49 Schaltungsubersichten fur das 
ao Fernsehen 

Fig. 50 bis 55 Codierungen von Farbfernseh- 
signalen 

Fig. 56,57.58 MehrfachausnUtzung von Uber- 
tragungswegen PDM-codierter Signale 
35 Fig. 59,60 Auswertung von phasenmodulier- 

ten Signalen 

Fig.64 Schaubild Ober Abhangigkeit der fre- 
quenzmodulierten Schwlngung von der Amplitude 
und Frequenz der Modulationsschwingung 

Eine einfache Art PhasensprUnge zu realisieren 
ist in den Fig.3,4.5,6 und 7 bechrieben.Zuerst wird 
an Hand der Fig.3 dies naher erlautert. Auf der 
Sendeseite S werden Rechteckirnpulse mit einer 

45 Frequenz von 1 MHz angeschaltet. Wird, wie in der 
Fig.3c dargestellt. in den Obertragungsweg ein 
Tiefpass TP 5,5 MHz eingeschaltet, erhalt man 
beim Empfanger E beinahe noch einen Rechteck- 
impuls . Wird, wie in der Fig. 3b eingezeichnet, ein 

so Tiefpass TP von 3.5 MHz eingeschaltet, ist die 
senkrechte Flankensteilheit nicht mehr vorhanden, 1 
wird dagegen wie in der Fig 3a dargestellt, der 
Tiefpass auf 1,5 MHz reduziert, so erhalt man beim 
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Empfanger E einen sinusahnlichen Wechselstrom 
mit der Periodendauer der Rechteckperiode. Da 
sich also die Periodendauer gegenuber dem 
Rechteckimpuls nicht andert, kann man durch Ver- 
anderung der Periodendauern der Rechteckimpul- 
se auch die Phase bezw. Frequenz des in der Fig 
3a dargestellten sinusformigen Wechselstromes 
andern. Da eine solche Anderung immer beim 
Nulldurchgang erfoigt, erfolgt eine kontinuierliche 
Anderung und werden kaum Oberwellen erzeugt, 
d.h. die Ubertragung ist schrnalbandiger als bei 
den bisher ublichen Phasentastungen. In der Emp- 
fangsstelle kann dann auch die Anderung der Pe- 
riodendauer als Mass fur den Phasensprung vorge- 
sehen werden. Eine solche Auswerteschaltung wird 
noch spater beschrieben. 

In der Fig4 sind Rechteckimpulse mit verschie- 
denen Periodendauern T = f, T = f1 und T = f2 dar- 
gestellt. Nach einer analogen Anordnung nach der 
Fig 3a wurde man auf der Empfangsseite einen 
sinusformigen Wechselstrom mit den Periodendau- 
ern T = 1/f,T=1/f1 T = 1/f2 erhalten. Da bei Phasen- 
sprungen sich die Frequenz des Wechselstromes 
sich verkleinert Oder vergrossert, entspricht die 
Frequenzanderung einem Phasensprung. Aus der 
Fig.2, die eine Phasentastung herkomlicher Art dar- 
stellt, geht dies deutlich hervor. Man sieht in die- 
ser, dass bei jeder Phasenanderung eine Fre- 
quenzanderung erfolgt, jedoch nicht in kontinuierli- 
cher Weise. Daher ist es auch schwer aus der 
Periodendauer auf der Empfangsseite 'die Grosse 
des Phasensprungs zu ermitteln. 

Urn dio Frequenzandorungen und damit auch 
das Frequenzband klein zu halten, kann man Jeden 
Phasensprung in Stufen zerlegen. In der Fig 5 ist 
schematisch dies aufgezeichnet. In dieser ist T/2 
die Halbperiodendauer eines Impulses und ent- 
spricht 180 Grad. Dieser Winkel wird in 36 Stufen 
zu je 5 Grad eingeteilt. Soil ein Phasensprung von 
40 Grad zustandekommen, so wird die Halbperiode 
T/2 4 mal urn 5 Grad gekurzt und naturlich die 
andere Halbperiode ebenfalls . Die Halbperioden- 
dauer gegenuber dem Bezugsimpuls ist dann T1/2. 
Nach dem Phasensprung kann man entweder die- 
se Frequenz belassen, Oder aber wieder auf die 
Frequenz T/2 umschalten, indem man einen Pha- 
sensprung von 5 Grad in entgegengesetzter Rich- 
tung vorsieht. Gegenuber der Bezugsphase ware 
dann immer noch eine Phasenverschiebung von 30 
Grad vorhanden. In der Fig. 6 sind zeitlich 4 mal die 
Perioden der Bezugsphase und 4 mal die Perioden 
der um 2x5 Grad gekurzten Perioden eingezeich- 
net. Beim Vergleich nach der 4. Periode ist der 
Unterschied von 40 Grad gegenuber der Bezugs- 
phase ersichtlich. 

In der Fig 7 ist eine Schaltung einer Ausfuh- 
rungsform der Erfindung dargestellt. Es wird ange- 
nommen die Periodendauer in 72 Stufen zu unter- 



teilen und zwar mit Phasensprungstufen von 5 
Grad. Jeder Stufe sollen 10 Messimpulse- zugeord- 
net werden, so sind fur die Periodendauer 
72x10 = 720 Messimpulse und fur die Halbperio- 
5 dendauer 360 Messimpulse erforderlich. Auf der 
Sendeseite brauchen immer nur die Halbperioden 
codiert werden. Die 2. Halbperiode wird dann je- 
weils uber den Codierer Cod gesteuert. Werden 
Phasensprungstufen von 5 Grad vorgesehen, so 
w sind fur die Halbperiode, wenn die-Anderung vorsi- 
lend sein soil, 350 und bei einer nacheilenden 
Phasenanderung 370 Messimpulse erforderlich. 
Das Zahlglied Z in der Fig 7 muss also mindestens 
370 Ausgange haben. Die Massimpulsfrequenz 
is hangt also von der Codierfrequenz ab. Im Beispiel 
der Fig 7 wird im Oszillator Osc der Steuerwech- 
selstrom fUr die Messimpulse erzeugt. Man kann 
damit unmittelbar uber das Gatter G1 das Zahl- 
glied steuern, oder aber auch Pulse mittels eines 
20 Schmitt-Triggers oder einer anderen Schaltung er- 
zeugen und mit diesen Pulsen dann das Zahlglied 
Z schalten. Man kann auch durch Veranderung der 
Oszillatorfrequenz die Impulsdauer andern. Ange- 
nommen wird der Ausgang Z2 am Zahlglied Z 
25 markiert 370 Messimpulse, also die nacheilende 
Phasenverschiebung, dann wird vom Codierer Cod 
tiber g2 ein solches Potential an den einen Ein- 
gang des Gatters G2 gelegt, dass dann beim Errei- 
chen des Zahlgiiedes Ausgang Z2, Gber .das dann 
ao z.B. dasselbe Potential an den anderen Eingang 
von G2 gelegt wird, dass sich das Potential am 
Ausgang von G2 andert , z.B. von h auf I. Im 
eloktronischen Relais ER hat dies zur Folge, das 
Pluspotontial + an don Ausgang J gelegt wird. 
as Uber die Verbindung A ist der Codierer Cod mit 
dem elektronischen Relais Er verbunden. Beim 
nachsten Uberlauf des Zahlgiiedes Z bis Z2 wird 
uber die Verbindung A ER so gesteuert, dass an 
den Ausgang J minus Potential - angelegt wird. Am 
40 Ausgang von ER konnen also bipolare Rechteckim- 
pulse abgenommen werden. Man konnte genau so 
unipolare Rechteckimpulse erzeugen. Dieser Vor-' 
gang wiederholt sich, solange vom Codierer Cod 
Potential an G2 angelegt wird. Sind z.B. 5 Phasen- 
« stufen fur einen Phasensprung vorgesehen, so wird 
das Zahlglied Z 10mal bis Z2 geschaltet. Beim 
Ausgang Z2 erfolgt die Ruckschaltung des Zahl- 
giiedes uber das Gatter G4, R. Es konnen aiso 
durch eine verschieden grosse -Zahi von : Ausgan- 
so gen am Zahlglied Z und/oder durch Veranderung 
der Oszillatorfrequenz die Impulsdauer, die Stufen- 
zahl und die Grosse der Stufen eingestellt werden. 
Die Steuerung dieser Varianten erfolgt Uber den 
Codierer Cod. Uber fA kann eine Umschaltung der 
55 Oszillatorfrequenz, uber die Anschlusse g2,g3,... 
der Stufenzahl und ggf. der Phasenwinkelanderung 
und der Stufengrbsse und uber A die Amplituden 
der Rechteckimpulse J erfolgen. Im Beispiel sind 2 
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Grosser* * (A) + , -(A)- vorgesehen. Die Rechteck- 
impulse J werden dann an einen Tiefpass analog 
der Fig 3 geschaltet und uber einen Ubertrager 0 
z.B. auf den Obertragungsweg ggf. unter Zwischen- 
schaltung eines Filters Fi. gegeben. 

Am Garter G1 muss uber B noch Beginnpoten- 
tial angelegt werden damit die Oszillatorpu'lse zur 
Wirkung kommen. Mit dieser Anordnung sind also 
folgende Codierungen moglich: eine voreilende. 
eine nacheilende , keine Phasenverschiebung. Die- 
se kdnnen dabei auch stufenweise erfolgen. Die 
Phasendifferenz oder die Bezugsphase kann ver- 
wendet werden. Zusatzlich kann eine Amplituden- 
codierung ggf. stufenweise vorgesehen werden. 
Eine weitere M6glichkeit besteht darin die Codie- 
rung beim positiven Oder negativen Impuls bezw. 
Halbwelle vorzunehmen. Auch die Zahl der Recht- 
eckimpulse ist ein weiteres Codemittel. 

Man kann auch eine Harmonische der Recht- 
eckimpulse aussieben. Erfolgt dies z.B. bei der 3. 
Harmomschen.so sind 3 Perioden in einem 
plus, minus-lmpuls enthalten. In diesen 3 Perioden- 
dauern sind dann auch. wenn die Impulsdauer ver- 
andert v/ird. die Phasenverschiebungen enthalten. 

In den verschiedensten Schaltungen , wie z.B. 
bei der Quadraturarnplitudenmodulation (QAM) 
werden urn 90 Grad gegeneinander phasenver- 
schobene Wechselstrome benotigt. In der Fig.8 Ist 
ein Schaltungsprinzip zur Erzeugung solcher pha- 
senverschobener Wechselstrome gleicher Fre- 
quenz dargestellt. Analog der Fig. 7 wird das Zahl- 
glied Z durch einen Wechselstrom, der im Oszilla- 
tor Osz erzeugt wird und uber das Gatter G , an 
dessen anderen Eingang ein Beginnpotential B 
liegt.gefuhrt wird, gesteuert. Im Beispiel sollen 4 
Rechteckimpulse erzeugt werden, die gegeneinan- 
der um 90 Grad phasenverschoben sind. Hat das 
Zahlglied Z 100 Ausgange , so sind beim 
25. ,50. .75. und 100. Ausgang elektronische Relais 
ER1 bis ER4 analog dem ER-Relais in der Fig.7 
anzuschalten.Mit diesen elektronischen Relais wer- 
den dann wie bereits in der Fig.7 beschrieben, 
Rechteckimpulse erzeugt. Hier sind in den ER- 
Relais noch Mittel, die bei bipolaren Rechteckirn- 
pulsen immer eine Potentialumkehr vornehmen und 
bei unipolaren Rechteckimpulsen das Potential 
wahrend eines Durchlaufs wegnehmen.Die Recht- 
eckimpulse werden dann, in der Hg.7 mit J be- 
zeichnet, uber die Filter Fi1 bis Fi4 gesendet. Der 
dann entstehendo Wechselstrom hat jeweils 90 
Grad Phasenverschiebung gegenuber dem vom 
nachsten Ausgang erzeugten. An Stella von pha- 
senverschobenen Wechselstromen kann man 
durch die Ausgange auch um 90 Grad phasenver- 
schobene Abnahmen von z.B. PAM-Proben steu- 
ern. Am elektronischen Relais ER1 ist noch ein 
Filter FiO angeordnet das z.B. nur die 3. Oberwelle 
des Rechteckimpulses durchlasst, sodass man hier 



die 3-fache Frequenz der Rechteckimpulse erhalt. 
Die Phasenverschiebung wird dann auf die 3. 
Oberwelle ubertragen. 

Mit der Fig.7 kann man gleichzeitig auch ver- 
5 schiedene Amplitudenstufen erzeugen. In der 
Schaltung sind nur 2 gekennzeichnet, In der Fig.9 
% ist eine weitere Moglichkeit verschiedene Amplitu- 
denstufen zu erzeugen. Der z. B. in der. Fig.7 
erzeugte Wechselstrom wird einem Begrenzer zu- 
w gefuhrt. in dem die Steuerimpulse erzeugt werden. 
Uber den Anschluss Code werden die Kennzustan- 
de zugeluhrt, die eine Umschaltung auf die durch 
den Code bestimmten Amplitudengrosse vorneh- 
men und zwar im Codierer Cod. Die Umschaltung 
is auf eine andere Amplitudengrosse erfolgt Immer 
beim Nulldurchgang . Die Grbsse der Amplituden 
wird durch die Widerstande R1 bis R4 , die in 
Wechselstromkreisen angeordnet sind, bestimmt. 
Elektronische Relais I bis IVes, die durch den Co- 
20 dierer Cod gesteuert werden. schalten die ver- 
schiedenen Widerstande in den Wechselstromkrei- 
sen ein. Am Ausgang A erhalt man dann 4 ver- 
schieden grosse Amplituden. 

Es ist auch bekannt eine Information durch die 
25 Halbwellen bezw. Perioden eines Wechselstromes 
zu codieren, bei einem Binarcode sind dann die 
Kennzustande grosser und kleiner Amplitudenwert. 
Werden 2 solcher Codierwechselstrome gleicher 
Frequenz um 90 Grad phasenverschoben und ad- 
30 diert, so konnen diese mit einem Wechselstrom 
gleicher Frequenz ubertragen werden. In der Fig. 
10a, b sind die Kanale K1 und K2, die durch die 
Perioden als Codeelemente codiert werden mit den 
Kenpzustanden grosser Amplitudenwert =1 und 
35 kleiner Amplitudenwert = 0. Wird einer gegen den 
anderen um 90 Grad phasenverschoben, so kon- 
nen sio addiert werden. In der Fig. 11 ist ihr 
Vektordiagramm dargestellt. Der Kanal K1 hat den 
Vektor K1 (u) und der Kanal K2 den Vektor k2 (v). 
40 Die beiden Kennzustande der beiden Wechselstro- 
me sind mit u1/uo und v1/vo bezeichnet. Weraon 
nun beide addiert. so erhalt man die 4 Summon- . 
vektoren I. IV und II, III. Man sieht, dass die Vektoren 
II und III nicht mehr auf der 45 Grad Linie liegen. 
45 Die Auswertung ist dadurch etwas schwieriger. Fur 
die Auswertung der Binarsignale genOgen 4 Mdg- 
lichkeiten, die man alle auf die 45 Grad Linie'legen 
kann, in der Fig. 11 mit (II) und (III) bezeichpet. In 
der Fig.13 sind die 4 Mdglichkeiten dargestellt, 
so 00,11.10,01. Sind alle 4 Mdglichkeiten auf dem 45 
Grad Vektor, wie in der Fig. 11 dargestellt, so kann 
man diese durch 4 verschiedene grosse Amplitu- 
den codieren, d.h.mit einem sinusfdrmigen Wech- 
selstrom. In der Fig.9 ist eine solche Moglichkeit 
55 dargestellt. Um binare Signale von 2 Kanalen zu 
ubertragen genugt also ein mehrwertiger quate.rna- 
rer Code; wie z.B. die 4 PSK oder 4 QAM. Diese 
Codierungen sind auf eine Periode verteilt. In der 
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Fig.9 sind die positive und negative Halbwelle 
gleich gross, es liegt dann bei der Uber tragung 
eine Gleichstromfreiheit vor. Man kann die positive 
und negative Halbwelle als zusatzliches Kriterium 
ausnutzen. Man kann dann die 4 Amplitudenkenn- 5 
zustande verteilen , 2 auf die positive und 2 auf die 
negative Halbwelle. Diese konnen dieselbe Grtisse 
haben, also z.B. in Fig.1 1 ,l ■ + IV fur die positive und 
negative Halbwelle. Damit dieser Codierwechsel- 
strom immer iiber dem Storpegel liegt. muss der to 
Codierwechselstrorn immer eine bestimmte Grosse 
aufweisen, z.B. wie in Fig. 11 (III). Die Amplituden- 
grosse IV wird man dann etwas vergrossern. 

Eine Verkleinerung von z.B. binarcodierten 
Wechselstromen mit den Halbwellen bezw. Perio- ?s 
den als Codeelemente ist bereits bekannt. Voraus- 
setzung hierfur sind Phasenverschiebungen der 
Probeentnahmen. Die vorliegende Erfindung zeigt 
eine weitere Moglichkeit auf.die Frequenz insbe- s 
sonders binarcodierter Information zu verkleinern. 20 
In der Fig. 1 ist ein Kanal K mit einem Binarcode 
1, 0,1,1 ...aufgezeichnet. Soil die Frequenz des Ka- 
nales verkleinert werden in 2 Kanale mit der halben 
Frequenz, so mussen jeweils 2 seriell angeordnete. 
Binarwerte des Kanales K parallel auf die Kanale zs 
Kvl und Kv2 verteilt werden, z.B. die 4 Werte 
1 ,0,1 ,1 des Kanales K der Wert 1 auf Kv1 , der Wert 
0 auf Kv2, der Wert 1 wieder auf Kv1 und der 
weitere Wert 1 auf Kv2. Einen Wert kann man 
dabei. immer speichern, Oder man kann die Werte 30 
auch zeitlich versetzt ubertragen. Bei der Auswer- 
tung muss dies berucksichtigt werden. Eine gleich- 
zeitige Gbertragung von 2 Kanalen wurde bereits 
schon in den Fig. 11 und 13 dargelegt. Wie aus der 
Fig. 13 ersichtlich ist, sind 4 Kombinationen mog- 35 
lich. 

In der Fig. 10 sind 4 Codierwechselstrome K1- 
K4 mit den Codeelementen Periode und den Kenn- 
zustanden grosser und kleiner'Amplitudsnwert glei- 
cher Frequenz dargestollt. Will man alio 4 auf der 40 
Basis der QAM Ubertragen, mUsson dlese folgondo 
Phasen aufweisen, K1=0Grad, K2 = 90 Grad, 
K3 = 90 Grad und K4 = 180 Grad. K1/K2 und K3/K4 
v/erden zu einem Codierwechselstrorn entspre- 
chend der Fig.9 zusammengefasst und addiert. In as 
der Fig. 14 ist hierfur das Vektordiagramm darge- 
stellt. Man sieht. dass 16 Kombinationen moglich 
sind. Weiterhin ist hieraus ersichtlich, dass nur 4 
Werte auf dem 45 Grad vektor liegen. Bei der 
Auswertung mussen fur die anderen Werte noch so 
die voreilende bezw. nacheilende Phasenverschie- 
bung berucksichtigt werden. Die phasenverschobe- 
nen Wechselstrome werden in einer Anordnung 
wie in der Fig.8 dargestellt, erzeugt und 2 Anord- 
nungen nach der Fig.9 zugefuhrt, wobei diese 55 
Wechselstrome gegeneinander um 90 Grad pha- 
senverschoben sind. 

Man kann auch einen Summenwechselstrom 



und einfachen Codierwechselstrorn addieren, Vor- 
aussetzung ist eine 90 Grad Phasenverschiebung 
gegeneinander. Dabei entstehen 8 Kombinations- 
moglichkeiten. 

Auch 4 Kanale konnen Codiermultiplex , wie in 
der Fig. 1 dargestellt, ubertragen werden. Einmal 
sind 16 Kombinationen notwendig. Man kan hierfur 
auch bekannte Codierungen vorsehen, wie z.B. die 
16 PSK, die 16 QAM die 8 PSK. Zur Codierung ist 
hier jeweils eine Periode erforderlich, wenn Pha- 
senverschiebungen gemass der vorliegenden Erfin- 
dung vorgesehen werden. An Stella der doch eng 
zusammenliegenden Kennzustande bei der doppel- 
ten QAM nach Fig. 14, kann man auch eine beliebi- 
ge Codierung vomehmen. In Fig. 16 wird die Codie- 
rung durch 30 Grad Phasenunterschiede und durch 

3 und4 Amplitudenstufen vorgenommen. Falls man 
noch grossere Sicherheit haben will, kann man die 

4 Amplitudenstufen BPh noch aufteilen. Auf der 
Nullinie konnen noch Stufen untergebracht werden. 
Man kann also jede Halbwelle fur eine solche Co- 
dierung vorsehen. Will man jedoch eine Gbertra- 
gung iiber drahtgebundene Ubertragungswege vor- 
nehmen, ist es zweckmasng die negative Halbwel- 
le mit derselben Codierung zu ubertragen, damit 
man eine Gleichstromfreiheit hat. Mit derselben 
Methode kann man auch eine Verkleinerung vor- 
nehmen. In Fig.1 soli der Kanal nur mit der viertel- 
chen Frequenz ubertragen werden. Jeweils 4 seriell 
angeordnete Binarelemente T und O werden paral- 
lel wie in der Fig. 1 a.b vorgesehen, angeordnet: 
Die Werte 1,0, 1,1 des Kanales K werden dann 
parallel aufgeteilt auf den Kanal Kv1 "1 ", Kanal Kv2 
"0", Kanal Kv3 "1" und Kanal Kv4 "1". Im Codierer 
wird dann fur die jeweilige Kombination der vorbe- 
stimmte Codierpunkt ermittelt und auf die Phase 
und Amplitude des Codierwechselstromes Ubertra- 
gen. Die Phaso wird in der Fig. 7 festgelegt. ggf. 
kann man mit dieser auch gleich die Am plitude 
codieren, und in der Fig.9 kann man dann die 
orforderlichen Amplituden codieren. In der Fig. 15 
ist die Ubersicht hierfur dargestellt. Im Codierer 
Cod erfolgt die Festlegung des Codierpunktes auf- ' 
grund der Viererkombination. Der Phasencodierer 
erzeugt die Halbwellen bezw. Perioden mit entspre- 
cher Phase und der Amplitudencodierer erzeugt 
die dazugehorigen Amplituden. Ein Phasencodierer 
kann analog der Fig.7 und ein Amplitudencodierer 
analog der Fig.9 aussehen. 

Ein Phasensprung bedeutet immer eine Ande- 
rung der Periodendauer. Diese Anderung, also Fre- 
quenzanderung, kann bei keiner weiteren Phasen- 
anderung beibehalten werden, oder man kann bei 
der nachsten Periode bezw. Halbperiode v/ieder 
auf die ursprungliche Frequenz umschalten. Da im 
letzteren Fall der Wechselstrom eine andere Phase 
aufweist, ist bei der Auswertung eine Bezugsphase 
erforderlich. Wie aus der Fig.4 hervorgeht kann mit 
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Hilfe der Schaltung der Hg.7 jede beliebige Phase 
beibehalten, d.h. die Frequenz beibehalten werden, 
die bei der Phasenanderung entstanden ist. Die 
Phasenanderungen werden immer im vorliegenden 
Fail beim Nulldurchgang vorgenommen. In der 
Fig. 16 kann man eine Bezugsphase 8Ph vorsehen, 
von der aus vor- und nacheiiend 2x 30 Grad eine 
Phasenverschiebung vorgenommen wird. 

In der Fig. 17 ist eine Erzeugung der Phasen- 
sprunge der Fig. 16 nach dern Prinzip der Fig.7 
dargestellt. Der Winkel von 360 Grad wird durch 
3600 Pulse gekennzeichnet. Liegt nur eine Amplitu- 
denanderung mit der Bezugsphase vor. so wird 
das Zahlglied immer von 0 bis 360 Grad durchge- 
schaltet. Oie Steuerung erfolgt dabei uber den Co- 
dierer Cod, der bereits in der Fig.7 beschrieben 
wurde. Die Amplitudenanderung erfolgt dabei wie 
in der Fig.7 oder wie in der Fig.9 dargestellt. Soil 
der Phasensprung Ph1 in Fig. 16 erfolgen. so muss, 
wenn eine Gleichstromfreiheit erforderlich ist, jede 
Halbperiode bis zum Ausgang 195 geschaltet war- 
den. Eine Bezugsphase ist bei der Auswertung 
nicht nolwendig, weil, solange keine weitere Pha- 
senanderung erfolgt, durch die Periodendauer j'a 
die eindeutige Phase festgelegt ist. Liegt die Co- 
dierung auf dem Vektor Ph3, so ist die Perioden- 
dauer 330 Grad, d.h. beim Ausgang 165 erfolgt 
immer eine Umschaltung . Die Phasenverschie- 
bung ist hierbei immer auf die Periodendauer bezo- 
gen. Wurde z.B. im letzten Fall die Phasenver- 
schiebung auf die Halbperiode bezogen, so musste 
jeweils eine ROckschaltung beim Ausgang 150 er- 
folgen. Andere Methoden der Erzeugung von Pha- 
sensprungen konnen genau so verwendet werden. 

Die Auswertung der Phasensprunge erfolgt in 
bekannterv/eise durch Abmessung der Perioden- 
dauern mittels einer uberhohten Steuergeschwin- 
digkeit von Zahlgliedern, z.B. in der europaischen 
Patentanmeldung 86104693.6 offenbart. 

Bei der Auswertung der Fig. 14 ist eine Be- 
zugsphase erforderlich. Die Amplitudenpunkte 1 bis 
4 sind unmittelbar auf der Bezugsphasenlage, wah- 
rend die anderen 12' Codierpunkte voreilend und 
nacheiiend zur Bezugsphase angeordnet sind. Es 
v/ird angenommen die Signale sind die eines Fern- • 
sehsystems. In der Austastzeit wird dann die Be- 
zugsphase ermittelt und zugleich Steuersignale 
ubertragen. Dabei werden nur die Amplitudenwerte 
auf der Bezugsphase verwendet. Vom Ubertra- 
gungsweg UW werden die Signale dem Eingangs- 
satz EST zugefuhrt (Fig. 12). Einmal gehen sie dann 
zu einem Begrenzer B und einmal zu einer Code- 
auswertung CA. Im Begrenzer werden die positiven 
und hegativen Halbwellen zu Jp und Jn- Impulsen 
umgewandelt. In der Vergleichseinrichtung VE wird 
nun die Phase der von dem Ubertragungsweg 
kommenden Impulse mit einem Bezugsphasenim- 
puls JBn verglichen. In der Fig. 12asind die vor- 



nacheilenden und der Bezugsphasenimpuls 
Jv.Jn.JB dargestellt. die mit dem aus einer Codie- 
rung ermittelte Bezugsphasenimpuls JBn vergli- 
chen werden. Die 3 moglichen Phasenwerte vor- 
5 nacheiiend oder Bezugsphase werden jeweils zur 
Codeauswertung gegeben. In dieser werden die 
Amplitudenwerte ermittelt und in Verbindung mit 
der vor-nacheilenden oder Bezugsphase werden 
dann die Codierungspunkte ermittelt und uber S 
w zur weiteren Verwertung weitergesendet. Die Co- 
dierung der Bezugsphase in der Austastzeit kann 
z.B. so aussehon, dass man 4 mal den Punkt 2 und 
4 mal den Punkt 4 auf der Bezugsphase sendet. 
Die Auswertung derselben erfolgt in der Bezugs- 
;s phasenauswertung BA. Von dieser wird dann ein 
Bezugsphasenimpuls JBn zur Vergleichseinrich- 
tung gegeben. 

In der Fig. 18 ist ein weiteres Ausfuhrungsbei- 
spiel der Erfindung dargestellt. Die 5 Kanale K1 bis 
20 K5 sollen codemultiplex nur uber einen Kanal 
bezw. Weg ubertragen werden. Die z.B. binarco- 
dierte Information dieser 5 Kanale wird zuerst im 
Speicher Sp gespeichert. In der Fig.20 sind z.B. 
die Schrirte der Binarzeichen dargestellt und zwar 
25 bereits synchronisiert. Zu codieren sind also je- 
weils 5 parallel angeordnete Schrirte bezw. Impulse 
S1.2.3.... Die Schrirte von S1 sind 1-1-0-1-0. Fur 
die Codierung dieser 32 Kombinationen sind 5 bit 
erforderlich. Im Beispiel werden diese mit den Am- 
oo plituden der Halbwellen eines Wechselstromes mit 
den Kennzustanden grosser und kleiner Arnplitu- 
denwert und mit einem voreilenden und einem 
nacheilenden Phasensprung von 36 Grad codiert, 
wie in der Fig.19 gezeigt ist. Vom Speicher Sp der 
35 Fig. 18 werden die Binarwerte dem Codierer Cod 
zugefuhrt und in diesem in einen entsprechenden 
Code umgewandelt. Im Decodierer der Empfangs- 
seite werden entsprechend dem Code den 5 Kana- 
len die entsprechenden Schrirte wieder zugeordnet. 
40 In der Fig. 21 ist eine weitere Anwendung der 

Erfindung fur die Codierung und Ubertragung der 
Signale beim Farbfernsehen dargestellt. Das Luml- 
nanzsignal wird mit 6 MHz abgegriffen. Dieses 
Prinzip ist bereits schon in der Offenlegungsschrift 
45 P 32 23 312 offenbart. Die Farben rot und blau 
sollen je mit 1,2 Mhz abgegriffen werden, d.h. auf 5 
Luminanzabgriffe trifft je ein Rot-und Blauabgriff. 
Die Luminanzabgriffe sind mit I, II, III, IV, V bezeich- 
net. Diese Probeentnahmen werden mit 8 bit co- 
50 diert, im Beispiel binarcodiert. Mit dem Abgriff III 
mussen dann auch die Abgriffe fur rot und blau 
erfolgen. Die Probeentnahmen von rot und blau 
werden im Beispiel mit 6 bit binarcodiert. Wahrend 
der Ubertragung der 5 Luminanzprobeentnahmen 
55 wird auch gleichzeitig der Code fur die Farbprobe- 
entnahmen rot und blau gesendet. Mit dem Abgriff 
von rot und blau konnte man mit der Ubertragung 
der Farbe und mit der Probeentnahme I des Lumi- 
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ngnzsignales beginnen. Man kann auch alle 5 Lu- 
minanzprobeentnahmen und Farbsignalproben 
speichern und erst nach der 5. Probeentnahme mit 
der Ubertragung aller Fernsehsignale beginnen. In 
dcr Fig. 21 a sind die binaron Codes aller zu ubor- 
tragenden Signale aufgezeichnet. Die 8 bit 1-8 der 
Luminanzprobeentnahmen sind jeweils parallel an- 
geordnet. Seriell sind dann untor 9,10 digitale Ton- 
und sonstige Signale T + So , die 6 bits des Rotsi- 
gnales und nochmals die Ton-und sonstigen Signa- 
le und unter 11,12 wieder die Ton-und sonstigen 
Signale und die 6 bits des Blausignals angeordnet. 
Zweckmassig ist es, wenn man die Luminanzpro- 
ben I bis V beim Sender noch speichert und die 
Farbcodes fur rot und btau mit den vorhergehen- 
den luminanzproben sendet, sodass dann beim 
Empfanger sich eine Speicherung der 5 Luminanz- 
proben erubrigt. Es mussen dann lediglich die Rot- 
und Blau proben gespeichert werden. Die Ton-und 
sonstigen Signale mussen ebenfalls gespeichert 
werden und dann zeitgleich mit dem Bild dem 
Lautsprecher zugefuhrt werden. Diese Signale kon- 
nen naturlich auch in die Austastzeit gelegt v/erden. 
Im Beispiel sind also 12 bit fur die Ubertragung 
einer Luminanzprobe filr die Ton-und sonstigen 
Signalproben und fur die Farbprobeentnahmen er- 
forderlich. In der Fig.21b ist ein Beispiel fur die 
Codierung dieser 12 bits dargestellt. 5 Halb-Perio- 
den eines Wechselstromes werden hierfur vorgese- 
hen. Der Binarcode besteht dabei aus Codeele- 
menten der Halbwellen mit den Kennzustanden 
grosser und kleiner Amplitudenwert. Zusatzlich 
wird noch eine voreilende und nacheilende Phasen- 
verschiebung von 36 Grad vorgesehen, sodass 
man damit 12 bit erhalt. 

In der Fig. 22 ist eine Ubersicht eines solchen 
Fernsehsenders dargestellt. Das Steuerorgan StO 
steuert die Fernsehkamera FK liefert auch die ubri- 
gen Steuersignale wie Austast- und Synchonisiersi- 
gnale A + S. Die Rot-Grun- und Blausignale werden 
einmal der Y-Matrix YM und rot und blau zugleich 
der Farbartaufbereitung FA zugefuhrt. Zugleich ist 
ein Konzentrator K vorgesehen, der das Luminanz- 
signal Y, die Farbsignale r + bl und die Ton- und 
sonstigen Signale abgreift. Beim Abgriff 3 wird 
uber die Verbindung 3a ein Kriterium zur Farbart- 
aufbereitung gegeben. In dieser wird ein Abgriff 
vom Rot-und Blausignal vorgenommen und beide 
Werte werden in den Kondensatoren C1 und C2 
gespeichert. Der FA wird noch von der Y-Matrix ein 
Y-wert der beim 3. Abgriff vorhanden ist, zugefuhrt, 
sodass man am Abgriff 6a und 6b die Farbdiffe- 
renzsignale r-y und b-y er halt. - Man kann auch 
nur die Farbauszugssignale abgreifen.-Uber den 
' Baustein TSo werden die Ton- und sonstigen Si- 
gnale analog uber 6c und 6d dem Konzentrator 
zugefuhrt. Vom Konzentrator aus werden alle Wer- 
te einem Speicher Sp zugefuhrt. Vom Speicher aus 



werden die Signale zeitgerecht z.B. wie in Fig. 21 a 
beschrieben, einem Analog/Digitalwandler zuge- 
fuhrt. In diesem erfolgt eine Codierung entspre- 
chend der Fig. 21b. Wahrend der Austastzeit erfolgt 

s oino Umschaltung auf den Konzentrator K1 uber U. 
Als Austastkritcrium kann man z.B. einigemale das 
Codewort mit nur Nullen senden. - — Auch konnen 
in der Austastzeit noch sonstige Signale So geson- 
det werden. Auch den Beginn einer Zeile kann man 

70 durch einen Nullcode markieren. Wahrend der Zei- 
le ist durch die Folge und der Zahl der Halbwellen 
eine Synchronisierung vorgegeben. Bei dem vorlie- 
genden Code ist eine Nenn Frequenz von 15 MHz 
erforderlich. Will man nur einen Amplitudencode 

;s verwenden, sind 2 Wechselstrome mit je 18 MHz 
erforderlich, die man dann um 90 Grad phasenver- 
schieben konnte und addiert Ubertragen kdnnte. Es 
ist lediglich eine Frage der Wirtschaftlichkeit und 
Sicherheit welche Methode hier verwendet wird. 

20 Der vor- oder nacheilende Phasensprung wird im 
Beispiel durch die Periodendauer festgelegt. Es ist 
also dann keine Bezugsphase erforderlich. Natur- 
lich konnen zur Verringerung der Frequenz mehr- 
stufige Amplitudencodes oder/und Phasencodes 

25 verwendet werden. An den Eingang Ton T kann 
man z.B. das PAM-Signal anlegen.das dann inner- 
halb der 8 KHz-Zeit ofters abgegriffen wird. Es gibt 
hier zahlreiche Moglichkeiten den Abgriff 6c/6d 
auszunutzen. In der Fig. 23 ist eine TeilUbersicht 

oo eines Femsehempfangers dargestellt. Uber die FtF- 
Oscillator und Mischstufe und dem Verstarker V 
werden die Signale dem Demodulator DM zuge- 
fuhrt. In diesem werden z.B. die Signale wie sie in 
der Fig.21b dargestellt sind wieder gewonnen und 

as dem Decodierer DC zugefuhrt. Die Farbsignale 
werden in der Folge der Matrix Ma weitergegeben. 
An diese auch das Y-Signal geschaltet. Am Aus- 
gang der Matrix erhalt man dann z.B. die Farbdiffe- 
renzsignale R-Y, G-Y und B-Y, die wie UY an die 

40 Fernsehrohre gefuhrt werden. Der Decoder DC lie- 
fert dann noch die Austast - und Synchronisiersi- 
gnale AS, die Ton- und sonstigen Signale. 

In der Fig.24 ist ein Beispiel dargestellt, bei 
dem der Code fur den Codemultiplex aus mehre- 

«5 ren Wechselstromen gewonnen wird. Es stellt ei- 
nen Binarcode dar bei dem die Halbwellen der 
Wechselstrome als Codeelemente dienen und bei 
dem ein grosser und ein kleiner Amplitudenwert 
die Kennzustande bilden. Die. zu ubertragenden 

so Kennzeichen bestehen aus Rechteckimpulsen der 
Frequenz 1000 Hz, wie in der Fig.24a dargestellt 
ist. Es sollen 20 Kanale codemultiplex ubertragen 
werden. Hierfur werden die Halbwellen der Wech- 
selstrome 1000, 1500, 2000. 2500 und 3000 Hz 

ss vorgesehen. Jedem Kanal kann man naturlich zeit- 
multiplex mohrera Kanale niedrigerer Bitfrequonz 
zufUhren. Dieselbe Bit-Zahl konnte man genau so 
mit 2 Wechselstromen mit 2000 Hz und nochmals 
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2 Wechselstrqmen mit 3000 Hz erreichen , wobei 
diese jeweils gegeneinander urn 90 Grad phasen- 
verschoben sein mussten, sodass sie bei der Ober- 
tragung addiert werden konnten. Wie am besten 
die Synchronisierung zwischen den einzelnen Ka- 5 
nalen hergestellt wird ist bereits bekannt 
(Unterricntsblatter der DBP Heft4/6Jahr79 ), und es ' 
wird deshalb nicht weiter darauf eingegangen. Auf 
dieselbe Art kann man auch die digitalisierte Spra- 
che bezw. mehrere Sprachkanale gleichzeitig uber- w 
tragen. 

Bei einer Amplitudencodierung kann man mit 
demselben Wechselstrom Duplexbetrieb durchfuh- 
ren. Dazu ist es notwendig. dass der Gegencodier- 
wechselstrom urn 90 Grad phasenverschoben ist. is 
In der Fig.25 ist dieses Prinzip dargestellt. Der 
Code kann dabei digital , ein Binarcode sein ent- 
sprechend dem Patent DE 30 10 938 odar aber 
auch analog entsprechend dem kanadischen Patent 
1 214 227. Bei Halbwellen als Codeelemente ist bei 20 
digitaler Codierung die Frequenz 32 KHz und bei 
analoger Codierung 4 KHz. In der Fig.25 ist S1 das 
Mikrofon und E2 der Horer des einen Teilnehmers 
und S2 und E1 des anderen Teilnehmers. In S1 ist 
noch ein Codierer, in dem aus der Sprache der 25 
Codierwechselstrom gewonnen wird. Von S1 gent 
der Codierwechselstrom uber eine Gabel G, die 
Anschluss- bezw. Verbindungsleitung RL zur Gabel 
G des Gegenteilnehmers und zum Horer E1. In 
diesem ist zusStzlich ein Decodierer, der aus dem 30 
Codierwechselstrom wieder die Sprache herstsllt. 
Der Codierwechselstrom von S1 sei der Synchroni- 
sierwechselstrom. Von E1 wird dieser uber einen 
Phasenschieber 90 Grad zu S2 abgezweigt, in dem 
er ggf. verstarkt wird. Spricht nun S2, so wird ein 35 
urn 90 Grad phasenverschobener Codierwechsel- 
strom fiber G.RL, G nach E2 gesendet, dort deco- 
diert und dem Horer als Sprache ubermittelt, Wenn 
z.B. kurzzeitig gleichzeitig gesprochen wird, ent- 
steht auf dem Ubertragungsweg RL ein Additions- 40 
wechselstrom. Eine Ausloschung wird nicht verur- 
sacht. Dieses Prinzip kann genau so beim Duplex- 
verkehr bei der Datenubertragung vorgesehen wer- 
den. Weitere diesbezugliche Beispiele sind in der 
Offenlegungsschrift DE 3802088 offenbart. 45 

Diese Methode kann natUrlich auch bei Funk 
z.B. beim Richtfunk verwendet werden. In der 
Fig.26 ist eine diesbezugliche Obersicht aufge- 
zeichnet. Der Sendewechselstrom wird hier zu- 
gleich als Codierwechselstrom mit vorgesehen. 50 
Vorteilhaft v/ird eine Vorstufenmodulation verwen- 
det. Im Oszillator Osz1 wird der Sendewechsel- 
strom erzeugt Im Amalog/Digitalwandler A1/D1 wird 
das Basissignal in einen Wechselstromdigitalcode 
umgewandelt.-Noch einfacher ist es als Oszillator ss 
und Ccdierer eine Anordnung nach der Fig.7 vorzu- 
sehen. Vom Codierer aus wird dann das elektroni- 
sche Relais so gesteuert, dass am Ausgang J 



grosse und kleine Rechteckimpulse vorhanden 
sind, die dann im Tiefpass TP zu einem sinusfdr-. 
migen Wechselstrom geformt werden. - Uber nicht 
eingezeichnete Verstarker gelangt dann der Co- 
dierwechselstrom zur Endstufe E und zur Sendean- 
tenne. In der Endstufe kann man noch einen 
Zweigstromkreis vorsehen, in dem die Oberwellen 
urn 180 Grad phasenverschoben werden, die dann. 
zur Kompensation dem Hauptstromkreis wieder zu- 
gefuhrt werden. Auf der Empfangsseite werden die 
Nutzsignale uber einen festen Abstimmkreis einem 
Verstarker V zugefiihrt und dann an den Digital- 
Analogwandler D2/A2 weitergeschaltet. Das Analog- 
signal wird dann z.B. uber eine Vermittlung weiter 
geleitet. Uber den Verstarker V wird der Sende- 
wechselstrom auch zu einem Phasenschieber von 
90 Grad Ph abgezweigt und dann zum Oszillator 
Osz2 weitergeschaltet. Mit diesem wird der Oszilla- 
tor synchronisiert. Uber den Wandler A3/D3 , nicht 
eingezeichnete Verstarker und den Endverstarker 
E wird dann der Sender der entgegengesetzten 
Richtung betrieben. Der Empfanger E1 ist genau 
so wie der Empfanger E2 geschaltet, nur der' Pha- 
senschieber ist nicht erforderlich. 

Ein Phasenschieber nach dem Prinzip der 
Fig.7 ist in der Fig. 27 dargestellt. In dieser ist 
zugleich ein Ausgleich fur kleine Frequenzschwan- 
kungen vorgesehen. FOr diesen Zweck wird ein 
Zahlglied Z vorgesehen mit 1000 Ausgangen. 
Wahrend einer Halbwelle des Sendewechselstro- 
mes durchlauft das Zahlglied diese 1000 Ausgan- 
ge. Die Steuerimpulse Js werden im einem nicht 
eingezeichneten Oszillator erzeugt. Bei 90 Grad 
Phasenverschiebung trifft auf eine Halbwelle eine 
Phasenverschiebung von 45 Grad, das entspricht 
250 Ausgangen. Die vom Verstarker V kommenden 
Sendewechselstromhalbwellen werden einem Be- 
grenzer zugefuhrt, sodass am Ausgang dessetben 
Rechteckimpulse Jp und Jn entstehen. Diese. Im- 
pulse werden dem Steuerglied St zugeschaltetAn 
dieses werden noch die Steuerimpulse Js und das 
Beginnkennzeichen Be gelegt. Das Steuerglied ist 
so geschaltet, dass immer nur ganze Jp bezw. Jn- 
Impulse beim Zahlglied wirksam werden. Hat wah- 
rend eines Impulses Jp das Zahlglied den Ausgang 
1000 erreicht, so kommt das Gatter G11 in Arbeits- 
stellung. Am Gatter G12 ist ein Jn-lmpuls und nach 
dem Ende des Jp-lmpulses durch die Verzogerung 
des monostabilen Gliedes mG4 kurzzeitig noch Po- 
tential angeschaltet. G12 wird wirksam und legt an 
den einen Eingang von G13 Potential, am anderen 
Eingang von G13 wurde bereits I - Potential von 
G11 aus angelegt. Am Ausgang von G13 erfolgt 
nun ein Potentialwechsel, der G16 am Ausgang 
umpolt. Dies hat zur Folge, dass G17 fur das 
Zahlglied ein Ruckschaltepotential erzeugt. Auch 
an die Gatter G8.G9 und G10 wird solches Potenti- 
al gelegt. dass die in Zusammenwirken mit den 
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belegten Ausgangen 1000, 999, 1001 eines der 
monostabilen Glieder mg1,mG2 oder mG3 steuern. 
Da der Jp-impuls das Zahlglied bis 1000 gesteuert 
hat, wurde nun das Garter G9 und mG2 wirksam. 
Wird nun mit dem nachsten Jn-lmpuls das Zahl- 
glied auf den Ausgang 250 gesteuert, so wird das 
Garter G6 wirksam, das das elektronische Relais 
ER steuert, das entsprechend der Fig.7 einen 
Rechteckimpuls erzeugt. der irn Tiefpass zu einer 
Halbwelle geformt wird. Fur don Jn-lmpuls sind fur 
die Ausgangsmarkierung die Garter G15 G14 und 
das monostabile Glied mG5 angeordnet. Oas mo- 
nostabile Glied mG2 halt sich z.B. bis zum Aus- 
gang 260 . G6 gent dann wieder in die Ausgangs- 
stellung. Das elektronische Relais bleibt bis zur 
nachsten Markierung des Ausganges 250 in die ser 
Stellung. Wird durch eino Frequenzschwankung nur 
der Ausgang 999 erreicht, so wird an Stello von G9 
das Garter G8 markiert und mG1 und G5 beim 
Erreichen des Ausganges' 249 zur' Wirkung ge- 
bracht. Wird der Ausgang 1001 erreicht, so wird 
G10 und mG3 zur Wirkung gebracht und beim 
Erreichen des Ausganges 251 das Garter G7. Sol- 
che Frequenzschwankungen werden also auch an 
den 90 Grad phasenverschobenen Wechselstrom 
weitergegeben. In der Fig.27 a ist das Steuerglied 
im Einzelnen dargestellt. Oie Impulse Jn und auch 
das Beginnzeichen sind an das Garter G3 geschal- 
tet. Sind beide vorhanden, wird G3 wirksam und 
bringt das bistabile Glied bG in die Arbeitslage, das 
nun an das Garter G1 Arbeitspotentlal legt. Erst 
jetzt kann der Jp-lmpuls zur Wirkung kommen. Die 
Steuerimpulse Js gelangen nun Goer das Garter 
G2, das lediglich ein Potentialumkehrgatter ist. an 
das Zahlglied. Die weiteren Vorgange am Zahlglied 
sind bereits beschrieben. 

In der Fig.27 kann die negative Halbwelle ent- 
weder durch den Jn-lmpuls erzeugt werden, oder 
es wird der Durchlauf der positiven Halbwelle wie- 
derholt, wobei die jeweils markierten Ausgange ge- 
speichert werden. 

Der bei der Erfindung verwendete Code kann 
vorzugsweise ein Amplituden und/oder Phasencode 
sein, wie z.B. ein solcher in Fig. 16 dargestellt ist. 
Bei einem reinem amplitudencode kann man auch 
2 Codewechselstrome gleicher Frequenz vorsehen, 
wobei der eine dann bei der Ubertragung um 90 
Grad phasenverschoben wird und in der Folge mit 
dem anderen addiert wird. 

Das Prinzip der Erfindung kann auch fur die 
Ubertragung digitalisierter Sprache. In der Fig.28 
sind 5 Codierwechselstrome mit einem Binarcode, 
wobei die Kennzustando ein grosser und ein klei- 
ner Amplitudenwert der jeweiligen Halbwelle ist, 
dargestellt. Die Frequenzen sind dabei 8.12,1'6,20 
und 24 KHz. Man erhalt dabei 20 bit. werden 
zusatzlich 2 Wechselstrome gleicher Frequenz, je- 
doch um 90 Grad phasenverschoben, vorgesehen. 



so erhalt man 40 bit, d.h. bei 8 bit Codewortern, 
wie in der Fig. 28a dargestellt, kann man damit 5 
digitalisierte Sprachkanale ubertragen. 

In den Fig 21 und 22 genugen je Zeile bei 
5 einer Abgriffsfrequenz von ca. 30 KHz (PAM) je 
Zeile 2 Ton- Abgriffe, die z.B. beim Beginn der 
jeweiligen Bildzeile und in der Mitte der Bildzei le 
erfolgen konnen, der Abstand ist dann 32 u.s. Je- 
der Abgriff wird dann im Analog/Digitalwandler A/D 
to in einen 0 bit-Codo umgowandolt und wird dann , 
wie in der Fig. 21 a dargestellt ist, mit den folgenden 
5 Luminanzcodewortern gesendet. In der Fig. 21a 
z.B. mit l/9,1o,11,12 und V/9,1 0,1 1,12. Die Abgriffe 
wahrend der Bildwechselzeit mussen z.B. durch 
15 eine Zeitmessung ermittelt werden. Die Codierung 
erfolgt dann auch in der Bildwechselzeit. 

Fur das Codemultiplex kann naturlich jeder be- 
liebige Code verwendet werden wie der AMI- oder 
HDH-3 Code. In den Beispielen wird vielfach ein 
20 Amplitudencode verwendet, bei dem die Codeele- 
mente aus den Halbwellen bezw. Perioden eines 
sinusformigen Wechselstromes mit den Kennzu- 
standen kleiner und grosser Amplitudenwert beste- 
hen. Einem Codeelement entspricht dabei einem 
25 bit. Werden z.B. 12 bit fur das FBAS- und Tonsi- 
gnal bendtigt, so sind 12 Halbwellen erforderlich. 
Die Codierung kann synchron mit den Abgriffen 
bewerkstelligt werden, da sich die LSnge der Code- 
worter sich nicht andert. Wird dagegen ein Pha- 
. ao sencode bezw. zusStzlich ein Phasencode vorgese-. 
hen.' so andert sich bei jeder Phasenanderung 
auch die Periodendauer, sodass bei einem periodi- 
schen Abgriff und bei gleichgerichteten Phasenan- 
derungen die Signalabgriffe nicht mehr synchron 
as mit dem Code sind. Zur Kompensation gibt es hier 
2 Mogltchkeiten - ausser einer Pufferspeicherung - 
einmal bei jeder Phasenanderung bis zur nachsten 
Phasenanderung die Nennfrequenz wieder herstel- 
len, z.B. in der Fig.4 sie die Nennfrequenz f2 und 
40 erfolgt eine Phasenanderung T = f1 und haben die 
folgenden Codierungen dieselben Phasenanderun- 
gen, so werden die folgenden Codierungen mit der 
Nennfrequenz f2 codiert. Erst wenn sich die Phase 
f1 wieder andert, erfolgt dann eine Phasenande- 
45 rung in Bezug auf die Bezugsphase, d.h. beim 
Empfanger muss die Bezugsphase gespeichert 
werden. Diese kann z.B. in der Austastzeit vom 
Sender ubertragen werden. Eine andere Moglich- 
keit Uberlappungen zweier Abgriffe zu vermeiden, 
50 besteht darin, dass beim Sender mit jedem Code- 
wort eine Messung zwischen Codewortende und 
dem vorhergehenden und dem folgenden Abgriff 
erfolgt. Ist die Gefahr einer Uberlappung in vorei- 
lender oder nacheilender Richtung vorhanden, so 
55 werden Codewdrter mit den kleinsten oder gross- 
ten Periodendauern zwis'chengeschaltet. In den 
Fig.29a und 29b sind solche dargestellt. Durch 
Zeilenspeicherung kann man dies umgehen. 
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In der Fig. 19 hat ein Codeelement '6 verschie- 
dene Stufen und 2 Stellen das Codewort, infolge- 
dessen sind 6. hoch 2 Kombinationen moglich. also 
36 Kombinationen. Mit 32 Kombinationen erhalt 
man 5 bit. in der Fig.21b kann ein Codeelement 
ebenfalls 6 Stufen annehmen, sodass bei 5 Stellen 
6 hoch 5 = 5184 Kombinationen mSglich sind, 
also mindestens 12 bit. Bei 12 bit erhalt man 4096 
Kombinationen. 

In der Fig.22 wird die RAM fur den Ton im 
TSO-Glied erzeugt und jeweils z.B. halbzeilenweise 
an 6c gelegt. Die Anschlusse 6c und 6d sind nicht 
erfcrderlich . wenn der Ton und die sonstigen 
Signale in die Austastzeit gelegt werden, sodass 
dann der Konzentator K1 diese Aufgaben uber- 
nimmt. 

Mit Hilfe der Fig. 21 ,22 und 23 sollte gezeigt 
werden. wie man z.B. den Codemultiplex auch 
beim Fernsehen anwenden kann. Die Ubertra- 
gungsfrequenz kann naturlich wesentlich verkleinert 
werden. wenn man mehr Amplituden und/oder Pha- 
senstufen vorsieht . Man kann auch zusatzlich mit 
verschiedenen Tragern, wie z.B. in der Patentan- 
mefdung P 32 29 139.6 Fig.9 vorgesehen, oder mit 
verschiedenen Stromwegen kombinieren. So kann 
man z.B. in Fig. 28 mit 8 KHz einen 64 Kbit Sprach- 
kanal ubertragen, und zwar mit einem Binarcode. 2 
Stellen werden jeweils durch die beiden Halbwellen 
eines 8 KHz Wechselstromes markiert, 2 weitere 
Stellen durch die 2 Halbwellen eines Wechselstro- 
mes , der um 90 Grad phasenverschoben ist. Diese 
beiden Wechselstrome werden summiert und als 
ein Wechstrom fiber den einen Stromweg ubertra- 
gen. Dasselbe erfolgt uber einen 2. Stromweg, 
sodass das Codewort 8-stellig und 2-stufig ist, so- 
dass man 256 Kombinationen erhalt. Auf der Emp- 
fangsseite wird nach der Auswertung der Halbwel- 
len und naturlich Zwischenspeicherung eine Deko- 
dierung vorgenommen. Die Codierung kann auch 
duobinar erfolgen. 

Eine weitere Methode, insbesondere analoge 
Signale wie Sprache, Tone, das Luminanzsignal 
beim Fernsehen, die Farbsignale beim Fernsehen. 
Fernwirkwerte, frequenzmoduliert zu ubertragen 
und zwar mit weniger Bandbreite, besteht darin mit 
Hilfe der Pulsdauermodulation PDM die Grosse der 
PAM-lmpulse ind PDM Impulslangen umzuwan- 
deln. Diese PDM-lmpulse konnen dann in Wech- 
selstromimpulse z.B. nach dem Verfahren der Fig. 7 
umgewandelt werden. Die Impulse werden dann 
durch die Halbwellen bezw. Perioden eines Wech- 
selstromes gebildet, wobei die Periodendauern 
bezw. Halbperiodendauern der Halbwellen bezw. 
Perioden gleich der Lange der PDM-lmpulse wer- 
den. 

Das Spektrum der bisher verwendeten fre- 
quenzmodulierten Schwingung enthalt oberhalb 
und unterhalb des Tragers eine grosse Anzahl von 



Seitenschwingungen, sodass ein sehr breites Band 
bei der Ubertragung erforderlich ist. Die bnotigte 
Bandbreite ist dabei grosser als der doppelte Fre- 
quenzhub. Bei der erfindungsgemassen Schaltung 
s konnen uberwiegend digitale Schaltmirtel verwen- 
det werden, sodass eine preiswerte Herstellung 
moglich ist 

Nachstehend wird nun die Methode an Hand 
von Zeichnungen naher erlautert. Zuerst werden 
to bekannte Schaltungen nochmals erlautert.die 
u.a.bei der Erzeugung notwendig sind (Europaische 
Patentanmeldung 0 284 019). 2 Ausfuhrungsbei- 
spiele der Erfindung werden nachstehend beschrie- 
ben. Zuerst werden die Prinzipien der beiden Aus- 
rs fuhrungen zusammengefasst. Die Information wird 
einmal pulsamplitudenmoduliert und in der Folge 
mit Hilfe des Aquidestanzverfahrens in pulsdauern 
umgewandelt, oder aber die Information wird unmit- 
telbar mit Hilfe des Sagezahnverfahrens in Puls- 
20 dauern codiert. Diese Pulsdauern werden dann in 
Verbindung mit den Pausen zwischen den Pulsdau- 
ern zu Rechteckimpulsen und in der Folge mit Hilfe 
von Filtern zu sinusfdrmigen Codierwechselstro- 
men umgewandelt. Die Umformung der Pulsdauern 
25 und Pausen erfolgt mit Hilfe von Zahlgliedern in 
Verbindung mit elektronischen Schaltern. Die Puis- 
dauer entspricht dann der Dauer einer Halbperiode 
bezw. Periode des Codierwechselstromes. Ist die 
Pulsdauer klein, ist die Frequenz der Halbwelle 
30 bezw. Periode beim Codierwechselstromes hoch, 
ist die Pulsdauer gross, so ist die Frequenz der 
Halbwelle bezw. Periode beim Codierwechselstrom 
klein. Auf der Empfangsseite erfolgt die Auswer- 
tung beispielsweise durch Abmessung .der Halb- 
35 bezw. Periodendauern. Hier liegt also gleichzeitig 
eine Frequenz- und Phasenmodulation vor. . 

Bei der 2. Ausfiihrungsform werden der Puls- 
dauerimpuls, in Fig 32 PD1.PD2 und die Pause 
zwischen den Pulsdauern (Fig 32,P) - die Pulsdau- 
40 er und die Pause entspricht z.B. jeweils dem Ab- 
stand zwischen 2 Abgriffen, in Fig 30a mit tp 
bezeichnet.-einem elektronischen' Relais zugefuhrt, 
in dem dann bipolare Rechteckimpulse erzeugt 
werden. Mit Hilfe von Filtern wird dann der fre- 
45 quenzmodulierte Codierwechselstrom erzeugt. 

In der Fig.7 ist dargestellt wie mit Hilfe eines 
Zahlgliedes Z in Verbindung mit der Frequenz der 
Fortschalte- bezw. Messimpulse , die im Oszillator 
Osc erzeugt werden, die Zeit eines Pulses be- 
so stimmt wird. Der jeweilige Ausgang des Zahlglie- 
des markiert dann die Zeit. Dieser wird dann in 
Verbindung mit Gattern fur die Steuerung eines 
elektronischen Relais ER vorgesehen. Dieses er- 
zeugt dann bipolare Rechteckimpulse. 
ss Die Funktion ist im Einzelnen folgende. Im Os- 

zillator Osc werden die Fortschalte- bezw. Messim- 
pulse fur das Zahlglied Z erzeugt. Diese gelangen 
uber das Gatter G1 auf das Zahlglied Z, solange 
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das Beginnzeichen an B vorhanden ist. Im Beispiel 
werden nur die Ausgange Z1 und Z2 des Zahlglie- 
des benbtigt. Diese Ausgange liegen an den Gat- 
tern G2 und G3. Soli die Halbperiode des Rechtim- 
pulses J die Grdsse der Summe der Messimpulse 
bis Z1 haben, wird vom Codierer Cod aus an g3 h- 
Potential gelegt, sodass beim Erreichep des Aus- 
ganges Z1 am Ausgang von G3 ein Potentialwech- 
sel stattfindet, der das elektronische Relais ER 
veranlasst den Rechteckimpuls zu beenden. War 
dies ein positiver Impuls, so wird der nachste Im- 
puls negativ. Das Zahlglied wird dann in dieser 
Stellung wieder zuruckgeschaltet. Am Ausgang z2 
ist hierfGr das Gatter G4 vorgesehen. Vom Codierer 
aus kann auch uber fA die Oszillatorfrequenz ver- 
grbssert Oder verkleinert werden, sodass man z.B. 
mit den jeweiligen Ausgangen verschiedene Zeiten 
markieren konnte. Vom Codierer Cod geht auch 
eine Verbindung A zu ER, mit der man verschiede- 
ne Impulsgrossen J steuern kann. 

Die Rechteckimpulse werden uber einen Tief- 
pass TP , den Ubertrager 0 und Filter Fi als 
sinusformiger Codierwechselstrom auf die Leitung 
gegeben. Die Halb- bezw. Periode des Codier- 
wechselstromes ist dieselbe wie die des Rechteck- 
impulses. Das Prinzip der Umwandlung der Recht- 
eckimpulse in einen sinusfdrmigen Wechselstrom 
ist in der Fig.3 dargestellt. Werden z.B. Rechteck- 
impulse mit der Frequenz 1 MHz mit einem Tief- 
pass 5,5 MHz bandbegrenzt, so erhiilt man, wie in 
der Fig.3c dargestellt ist.noch ziemlich steile Flan- 
ken. In der Fig.3b wurde ein Tiefpass von 3,5 MHz 
eingesetzt, man sieht, dass hier die Flankensteilheit 
schon merklich nachgelassen hat. In dor Fig3 a ist 
ein Tiefpass von 1,5 MHz eingeschaltet, beim 
Empfanger hat man hier einen sinusahnlichen 
Wechselstrom. Die Periodendauern sind dabei die 
gleichen wie die der Rechteckimpulse, d.h. man 
kann die Periodendauern als Mass fur die Frequen- 
zen bezw. Phasen hernehmen. In der Fig.7 wurde 
dieses Prinzip bei der Umwandlung der Rechteck- 
impulse J in einen Codierwechselstrom mit Hilfe 
des Tiefpasses TP angewendet. 

In der Fig.4 sind Rechteckimpulse verschiede- 
ner Periodendauern aufgezeichnet, und zwar durch . 
die Frequenzen ausgedruckt f,f1 und (2. Diese 
Rechteckimpulse haben gegeneinander verschie- 
dene Phasenverschiebungen bezw. verschiedene 
Frequenzen. Man sieht hieraus, dass man durch 
Anderung der Periodenauern Phasensprunge bezw. 
FrequenzsprUnge hervorrufen kann, sodass man 
hierdurch auch eine Frequenzmodulation erhalt. In 
der Rg.5 erfotgt solch ein Phasen- bezw. Fre- 
quenzsprung stufenweise. Damit wird erreicht, dass 
die Bandbreite klein wird. Wie aus der Fig 6 her- 
vorgeht, erhalt man bei Phasensprungen von 5 
Grad je 180 Grad bei 4 Phasensprungstufen eine 
Gesamtphasenverschiebung von 40 Grad. 



In der Fig30a sind PAM-codierte Pulse von 
einem Signal Inf dargestellt. Diese werden mit Hilfe 
einos Aquidistanzverfahren in Pulsdauerimpulse , 
wie in der Fig 30b gezeigt ist, umgewandelt. Der 
5 Abstand der PAM-lmpulse (Fig 30a tp) zueinander 
entspricht jeweils einer Pulsdauer PD und einer 
Pauso P , wie in der Fig 30b dargestellt. Eine 
Pulsdauermodulation kann auch mit Hil fe des Sa- 
gezahnverfahrens durchgefuhrt werden. In den 
io Fig.31 und 32 ist dieses Verfahren dargestellt. Die 
Pulsdauern sind Rechteckpulse PD1.PD2 
....Weiterhin sind bekannt die symmetrische PDM 
und die bipolare PDM. (siehe auch Buch 
"Modulationsverfahren" von Stadler 1983). ' 
(5 In der Fig.35 ist ein Ausfuhrungsbeispiel ge- 

mass der Erfindung dargestellt. Im Pulsdauermodu- 
lator PDM werden die Pulse z.B. nach Fig 30b Oder 
32 erzeugt, und uber G5 an das Gatter G1 ge- 
fuhrt.Am anderen Eingang des Garters G1 liegen 
20 die Messimpulse Jm, z.B. 100KHz Frequenz. So- 
lange an G1 ein PD-Puls liegt, werden die Messim- 
pulse Jm am Ausgang wirksam. Ober das Potentia- 
lumkehrgatter G2 gelangen die Messimpulse an 
das Zahlglied Z. das mit diesen Impulsen gesteuert 
25 wird. Die Zahl der Ausgange am Zahlglied ent- 
spricht z.B. dem Abstand zwischen 2 PAM-Pulsen, 
in Fig 30a tp. Die Abgrirfsfrequenz sei 10 Khz, 
dann hatte das ZShlglied 100.000 Ausgange. Der 
Frequenzhub wird durch den grossten und klein- 
30 sten Amplitudenwert der Information Inf-bestimmt, ■ 
in Fig 30a mit gw und kw bezeichnet. Die Ausgan- 
ge A des Zahlgiiedes Z fuhren zu Gattern G3 und 
die Ausgange der Gatter zu Gattern G4. Jeweils 
am anderen Eingang des Gatters G4 liegt der 
35 jeweilige PD-lmpuls, der das Gatter G4 sperrt. Erst 
wenn der PD-lmpuls nicht mehr da ist, kann auch 
das Ausgangspotential Uber G3 an G4 wirksam 
werden. ER erhalt nun uber G4 ein Potentialwech- 
selkennzeichen fur den nachsten Rechteckimpuls. 
40 Der Beginn des Rechteckimpulses wird durch den 
jeweiligen PD-Puls markiert. Der nachste Rechteck- 
impuls wird durch die Pause P (Fig 30b P) be- 
stimmt. Von ER wird Uber P ein Potential an Gatter 
5 gelegt, damit am Gatter G1 die Messimpulse Jm 
45 wieder durchlassig werden. Das Zahlglied Z wird 
nun bis zum Ausgang Gatter G6 geschaltet. Wenn 
der nachste PD-Puls wieder kommt wird G6 wirk- 
sam und uber R wird das Zahlglied wieder in die 
Ausgangsstellung geschaltet. Am Ausgang von ER 
so sind dann Rechteckimpulse RJ der Grosse der 
Halbperioden wie die der PD- pulse und der Pau- 
sen P. Im Filter Fi werden die Rechteckimpulse zu 
sinusfdrmigen Halbwellen fmo, damit ist die Infor- 
mation frequenzmoduliert. Die Halbperioden der 
55 Nutzsignalmodulationsfrequenzen bewegen sich 
dann zwischen den Halbperiodendauern am Zahl- 
glied mit kw und gw gekennzeichnet. In Fig. 33 ist 
z.B. kw = 15 KHz, die Mittenfrequenz 10 KHz und in 
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Fig. -34 gv/= 75 KHz. Im Beispiel konhen sich die 
Pulsdauern urn die Halfte andern. dies ist eine 
Dimensionierungsache der Pulsdauermodulations- 
schaltungen. Die Halbwellen der Pausen haben in 
der Fig. 33 eine kleinste Frequenz von 7,5 KHz und 
in Fig.34 eine grosste Frequenz von 15 KHz. Die 
Ampliluden der Halbwellen bleiben immer gleich. 
Die Aus'.vertung auf der Empfangsseite erfolgt 
durch Abmessung der Halbperiodendauern. Eine 
Synchronisierung ist nicht erforderlich, da die Null- 
durchgange einer Periode bei einer Codierung mit 
Hilfe einer PAM zugleich die Abgriffe codieren, es 
mussen also lediglich die positiven Halbwellen in 
PAM-Pulse umgewandelt werden. Die PAM-Pulse 
sind dann auf der Empfangsseite urn eine periode 
nacheilend. 

Die Redundanz der Pausen in der Fig. 35 kann 
vermieden werden, wenn man z.B. die PAM-Pulse 
speichert und nach jeder PD-Codierung den nach- 
sten PAM-Puls abruft. Beim Empfanger Ist aller- 
dings dann eine Synchronisierung erforderlich. Bei 
Verwendung der PAM auf der Sendeseite musste 
die Abgriffsfrequenz von Zeit zu Zeit synchronisiert 
werden. In Fig. 36 ist die Prinzipschaltung einer 
solchen Schaltung auf der Sendeseite dargestellt. 
Die PAM-Pulse v/erden im Speicher Sp gespei- 
chert Von ER kommt uber AR der Abruf des nach- 
sten Impulses. Vorbereitend war schon der nachste 
Impuls als PDM-lmpuls im Speicher Sp1 gespei- 
chert. Damit wird nun uber das Steuerorgan St das 
Zahlglied Z gesteuert und auf einen entsprechen- 
den Ausgang eingestellt. Von ER wurde auch uber 
R das Zahlglied wieder in die Ausgangsstellung 
gebracht. Am Steuerorgan liegen auch die Steuer- 
impulse Jm. Mit dem Abruf des PDM-Impulses 
wird auch vom Speicher Sp ein PAM-lmpuls zum 
Pulsdauermodulator gegeben und in diesem als 
PDM-lmpuls solange gespeichert, bis der Spl 
Speicher wieder frei ist. Zweckmassig wird man 2 
Sp1 Speicher vorsehen, die dann abwechselnd an 
das Steuergerat nach jedem Abruf von ER gelegt 
werden. Am Ende des PDM-Impulses wird uber 
das Zahlglied Z.G1.G2 ein Impuls-Endekriterium an 
ER gegebon. Der von ER erzeugte Rechteckimpuls 
PD wird auf den nachsten umgepolt, Uber R das 
Zahlglied zurtickgeschaltet und Gber AR der Abruf 
des naclv 



In der Fig .39 sind 4 Kanale dargestellt mit einer 
Halbv/ellencodierung mit den Kennzustanden gros- 
ser und kleiner Amplitudenwert.Fur alle 4 Kanale 
ist die Frequenz die gleiche. Diese 4 Kanale wer- 
den fur die Codierung der Farbfernsehsignale vor- 
gesehen. 8 bit sind fur das Y-Signal 
(Luminanzsignal) und zwar je 4 bit beim Kanal a 
und b. je 2 bit in den Kanalen a und b sind fur Ton 



und sonstige Signale T + S vorgesehen. Der Kanal 
c ist fur die Codierung des rot-Signales und der 
Kanal d (Or die Codierung des blau-Signals mit je 6 
bit vorhanden. Je 2 Kanale werden dann entspre- 

s chend der Fig. 1 1 Vektor I,(k1 ,k2) mit den Codie- 
rungen I, (II). IV, (III) zusammengefasst, sodass ein 
Summenwechselstrom entsprechend der Fig.9 zu- 
standekommt. Die Phasenlage der beiden Sum- 
menwechselstrome wird dann auf 0 Grad und 90 

io Grad festgelegt. Diese beide Summenwechselstro- 
me kann man nun auf der Basis der Quadraturam- 
plitudenmodulation ubertragen, sodass fur die 
Ubertragung aller Farbfernseh- und sonstigen Si- 
gnale ein schmales Band benotigt wird. Als doppel- 

is te QAM ubertragen. d.h. Kanal a + b quadraturam- 
plitudenmoduliert und die Kanale c + d quadratur- 
amplitudenmoduliert. wobei die Kanale zueinander 
0*,90',90' und 180* Phasenlage aufweisen und 
deren Summenwechselstrome 45' und 135* Pha- 

20 senlage haben, und dass die beiden Summen- 
wechselstrome wieder quadraturamplitudenmodu- 
liert werden, ist die Auswertung schwieriger, wie 
auch aus der Fig. 11 ersichtlich ist (bei einmaliger 
QAM entstehen die Vektoren I, II und III). 

25 Man kann die 4 Kanale bezw. ihre binare Wer- 

te auch codemultiplex ubertragen. In der Fig.40 
sind die Binarwerte der 4 Kanale nochmals darge- 
stellt. Entsprechend der Fig.41 sollen jeweils 2 
Reihen der Fig.40 zu 8 bit zusammengefasst wer- 

30 den. In der Fig. 39 sei 6 MHz die Frequenz der 
Wechselstrome, fur die Codierung sind dann 18 
MHz erforderlich. Verwendet man in der Fig.41 
eine duobinare Codierung entsprechend der Fig. 
62 mit den Halbwellen als Codeelemente, so wUrde 

05 man zwar gegenuber der Fig.39 an Bandbreite 
etwas gewinnen, aber die Frequenz ware 3mal so 
hoch. Fasst man die Reihen 1,2,3 und 4,5.6 , also 
12 bit jeweils zusammen bei diesem duoblnaren 
Code, so ist fur eine Reihe 1,2,3 ein 3-stufiges 

40 Codewort mit 8 Stellen erforderlich. 8 Stellen be- 
deuten 4 Perioden, Es waren also eine Frequenz 
von 2x24 MHz erforderlich, al so auch fur diesen 
Zweck zu hoch. In der Fig.45 ist ein 4-stufiges 
Codeeloment dargestellt. boi 4 Stellen ergibt dies 

45 256 Moglichkeiten. Eine Codierung nach Fig.41 
ergabe eine Frequenzreduzierung auf 36 MHz. In 
der Fig. 63 ist ein 6 stufigos Codeoloment dargo- 
stellt. Um 3 Reihen der Fig.40 seriell zu codieren , 
also 12 bit. waren hier 5 Stellen erforderlich. Es 

so waren also noch 30 MHz erforderlich. Ausser den 3 
Amplitudenstufen sind noch zwei Phasenstufen 
bezw. Periodendauern vorgesehen. In der Fig.46 
sind 3 Amplituden und 3 Phasenstufen darge- 
stellt. Werden aus der Anordnung der Fig.40 2 Rei- 

55 hen mit je 12 bit gebildet, sind fur jede Reihe 3 
Stellen erforderlich, fur beide Reihen also 6 Stellen, 
d.h. es ist eine Frequenz von 18 MHz notwendig. 
In der Fig. 43 sind die Farbfernsehsignale an- 

1? 
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d'erst angeordnet. 8 bit fUr einen Y-Abgriff 
(Luminanz.Bildpunkt B) sind seriell zu je 4 bit, die 
Farben rot oder. blau seriell je 3 bit in den Reihen 
III + IV. Das jeweils 4.bit in den Reihen 3 und 4 ist 
fur Ton- und andere Zwecke vorgesehen. Die 
Farbe rot oder blau kommt jeweils bei jedem 2. Y- 
Signal, d.h. diese wechseln sich laufend ab. Wer- 
den die senkrechten Reihen 1/2 und 3/4 , wie in 
der Fig.44 dargestellt, zusammengefasst, so erge- 
ben sich bei einer Codierung gunstigere Verhalt- 
niss. Bei 4 Stufen sind 3 Stellen erforderlich, es ist • 
dann eine Frequenz von 18 MHz erforderlich. Wer- 
den die Reihen 1/2 und 3/4 parallel angeordnet, 
also 16 bit, so sind bei einer Codierung nach 
Fig.46 4 Stellen erforderlich, also 12 MHz Fre- 
quenz. Die doppelte QAM der Fig. 39 kann. um 
noch mehr Sicherhoit bei der Ubertragung zu ha- 
ben, frequenzmoduliert ubertragen werden. Der 
Summenwechselstrom hat nur kleine Frequenzan- 
derungen, sodass, wie aus der Fig. 64 horvorgeht. 
die frequenzmodulierte Schwingung doch schmal- 
bandig ubertragen werden kann. Aus dieser Fig. 
geht hervor, dass die Halbperiodendauer T/2 bei 
einer Frequenzerhohung sehr klein wird, dass also 
die Frequenz stark zunimmt. Bei einer Modulations- 
frequenz Mf und einer Amplitude u ist die Halbpe- 
riodendauer T/2, bei doppelter Amplitude 2u ist die 
Halbperiodendauer kleiner, wShrend bei zusSUzlich 
doppelter Frequenz M2f sich die Halbperiodendau- 
er wesentllch verkleinert. 

In der Fig.47 ist eine Ubersicht uber einen 
Fernsehsender dar gestellt, bei der die in den Fig. 
40,41,43 und 44 erlauterten Codes verwendet wer- 
den. Vom Multiplexer (nicht einge zeichnet) kom- 
men die analog abgegriffenen Signale in den Ana-- 
logspeicher ASp und von dort werden die Probe- 
entnahmen an einen oder mehrere 
Analog/Digitalwandler weitergegeben. Die digitali- 
sierten Signale werden dann im Digitalspeicher 
DSp gespeichert und in der Folge dem Ordner 
zugefuhrt. In diesem werden sie entsprechend den 
Fig.40,41,43 oder 44 geordnet. So geordnet wer- 
den sie dem Codierer zugefuhrt. Entsprechend 
dem vorbestimmten Code z.B. nach Rg.45 oder 46 
oder 62 oder 63 codiert und dem Modulator MO 
zugefuhrt-Vom Oszillator wird der Sendewechsel- 
strom dem Modulator zugefuhrt und der modulierte 
Sendewechselstrom uber nicht eingezeichnete Ver- 
starkerstufenund dem Endverstarker zur Antenne 
gegeben. Eine Ubersicht vom Empfanger fur die 
Auswertung der codierten Signale ist in der Fig. 48 
dargestellt. Der Sebdewechselstrom kommt uber 
die Empfangsantenne E in die Stufen 
Abstimmkrois/Vorstiirker, Mischstufe/Oszillaotr 
Mi/Osc , uber den Zwischenfrequenzverstarker ZF 
zur Demodulationsstufe - der Eingang ist wie ein 
Uberlagerungsempfanger beim Rundfunkempfang 
geschaltet- , am Ausgang des Demodulators ist der 



Codewechselstrom vorhanden. Dieser wird in den . 
Decodierer geschaltet Die im Sendemultiplexer ab- 
gegriffenen Signale werden hier wieder erhalten.wie 
das Y, r-y, b-y, Ton und sonstigen Signale S und 
5 den verschiedenen Schaltungen zugefuhrt. 

In den Fig. 50 und 51 sind analoge Codierun- 
gen der Farbfernsehsignale dargestellt. In der 
Fig. 50 ist ein Wechselstrom gleicher Frequenz als 
Codewechselstrom vorgesehen. Die Amplituden 
to der Halbwellen sind die Codeelemente. Die Ab- 
griffsfolge ist y.r,y,bl,y,T + S usw. Die Ubertragung 
dieser analog codierten Signale erfolgt auf der Ba- 
sis der Frequenzmodulation, sodass man ein 
schmales Band - nur eine Frequenz Fig. 64 -und 
rs auch eine Ubertragungssicherheit erhalt. 

In der Fig. 51 wird ebenfalls ein Analogcode 
vorgesohon. Es ist eine Phasencodierung. Der Ana- 
logcode ist durch verschieden grosse Halbperio- 
dendauern gegeben. Die Amplituden der Halbwel- 
20 Ian haben dabei immer dieselbe Grosse, es ist 
eine Art Frequenz- und Phasenmodulation. Die ein- 
zelnen Signale sind wieder seriell angeordnet , im 
Beispiel y,r,y,bl,y,T + S. Die Ubertragung erfolgt bei 

einer Abgriffsfrequenz des Y -Signales mit 6 MHz 

zs mit 6 MHz. Erfolgt ein Multiplexabgriff aller Signale, 
also auch des r,bl und T + S Signale , so ist eine 
Abgriffsfrequenz von 12 MHz erforderlich. 

In der Fig.52 ist eine Codierung entsprechend 
der Fig. 51 vorgesehen, lediglich die Ton und son- 
30 stigen Signale T + S werden durch einen iiberfager- . 
ten Amplitudencode codiert. Es ist ein Binarcode 
mit einer grossen und einer kleinen Amplitude. Die 
Werte des Y und der r + bl-Signale sind durch die 
Halbperiodendauern festgelegt. Synchron mit dem 
as PDM-lmpuls wird dann z.B. an das ER-Relais der 
Fig.36 der jeweilige Amplitudenwert gegeben in 
dem dann ein Rechteckimpuls mit kleiner oder 
grosser Spannung erzeugt wird. Die Amplitudenco- 
deelemente konnen z.B. mehreren Kanalen, wie 
40 Ton Stereo usw. zugeordnet sein. In der Fig. 55 
sind die 4 Halbwellencodeelemente 4 verschiede- 
nen Kanalen zugeordnet. 

Eine Auswertung der PDM. PPM oder PFM- 
Impulse mit den Halbperiodendauern codiert, istaus 
45 der Fig. 59 ersichtlich. Diese erfolgt wieder mit 
Hilfe einer Sagezahnspannung. Beim Beginn einer 
Halbwelle, also beim Nulldurchgang wird der Er- 
zeuger der Sagezahnspannung eingeschaltet , 
nach der Halbwelle beim nachsten Nulldurchgang 
so wird z.B. mittels eines Feldeffekttransistors die Sa- 
gezahnspannung kurzzeitig an einen Kondensator 
geschaltet und in diesem gespeichert. Die Halbpe- 
riodendauer T/2 ist dann gleich dam Spannungs- 
wert T/2 oder analog dor Grosse des Spannungs- 
55 wertes. Die Halbperiodendauer von 1 entspricht 
dem Spannungswert u1, die von 2 dem von u2, 
usw. Wurde auf der Sendeseite Sprache mit 8 KHz 
pulsamplitudenmoduliert, so muss auf der Emp- 
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Mehrfachausnutzung eines Stromweges aufgezeigtT" 
Um die Codewechselstrdme frequenzmassig tren- 
nen zu konnen, werden solche Steuerimpulse ver- 
wendet, dass die Frequenzbereiche der Codewech- 
5 selstrome einen solchen Abstand haben, dass eine 
einwandfreie Auswertung mdglich ist. z.B. mittels 
Filter eine Trennung in der Empfangsstelle. In der 
Fig.57 ist 21 der eine Umsetzer mit den Steuerim- 
pulsen Jm1 und Z2 der andere Umsetzer bezw. 
ro Zahlglied mit den Steuerimpulsen Jm2. In der 
Fig. 58 ist die Frequenzlage der beiden Kanale dar- 
gestellt. T/2I und T/2II sind die kleinsten Frequen- 
zen der beiden Kanale . Durch den Winkelhub (2 
kommt man naher an den Frequenzbereich vom 
15 Kanal T/2I. Im Beispiel ist noch ein Abstand von Ab 
vorhanden. Dieser kann so gewahlt werden.dass 
preislich gunstige Filter eingesetzt werden konnen. 

Nachstehend werden noch einige Codes dar- 
gestellt. mit den man mit einer Frequenz Daten, im 
20 Beispiel Fernsehsignale codieren und ubertragen 
kann. In der Fig. 53 ist ein Binarcode dargestellt. 
bei dem als Codeelemente die Amplituden von 
Halbwellen mit den Kennzustanden grosser und 
kleiner Amplitudenwert vorgesehen werden. Mit ei- 
25 ner Halbwelle kann dan ein bit codiert werden. Fur 
das Y-Signal sind 8 bit, fur das rot und Blausignal 
je 6 bit und fur den Ton (digitalisiert) und sonstige 
Signals sind 2 bit vorgesehen. Rot und blau wer- 
den abwechselnd , wie z.B. In der Fig.51 darge- 
ao stellt, codiert. Bei 6 Meg Abgriffen fur das Y-Signal 
ware hier ein Codierwechselstrom mit 48 MHz er- 
forderlich. In der Fig.54 ist eine duobinare Codie- 
rung hierfur vorgesehen. Der Codierwechselstrom 
hat dann eine Frequenz von 27 MHz. Man kann 
35 diese Codiorwochselstrome wiedor frequenzmodu- 
liert ubertragen, das Frequenzband wird dabei auch 
nicht zu breit, wie aus der Fig. 64 hervorgeht. Die 
Obertragungssicherheit wird dabei noch grosser. In 
der Fig.66 ist eine Mdglichkeit aufgezsichnet, wie 
40 man ohne Modulatoren schmalbandig eine Nach- 
richt digital ubertragen kann. Jedem Codeelement 
wird eine Vielzahl von Perioden eines Wechselstro- 
mes einer Frequenz zugeordnet, die durch die Zeit • 
Og bestimmt werden, also einer vorbestimmten 
45 Zahl von Perioden. Angenommen wird die Codie- 
rung erfolgt binar. Bei jedem Zustandswechsel, 
also 1 nach 0 oder 0 nach 1 erfolgt der Ubergang 
kontinuierlich , in der Fig.66 mit 0 bezeichnet. Die 
Amplituden fur die Null haben die Grosse Ak und 
so die fur die 1 Ag. Kommen gleiche Werte hinterein- 
ander.so wird die Amplitudengrdsse nicht gean- 
dert, bei 5 gieichen Worten wurde man 5mal eine 
Periodenzahl von Og mit derselben Amplitude er- 
halten. Der Ubergang zu einem anderen Kennzu- 
55 stand wird z.B. zur folgenden Kennzustand gerech- 
net. also z.B. U+0 = Og. In der Fig.65 ist aufge- 
zeichnet wie man seriell die Fernsehsignale digital 
anordnen kann. 



fangsseite mit derselben Frequenz die Spannung 
u1.u2.u3 jeweils abgegriffen werden und zum 
Sprachwechselstrom umgeformt werden. Bei einem 
zeitmultiplexen Abgriff mehrerer Kanale. mussen 
die gespeicherten Werte u1,u2,u3,... mit derselben 
Frequenz des zeitmultiplexen Abgriffes wieder ver- 
teilt werden. Die Herstellung der ursprtinglichen 
Information kann z.B. in der Weise erfolgen. indem 
man den ausgewerteten Code u1,u2... nach der 
Kanalzuteilung treppenfdrmig ausbildet und dieses 
Treppensignal uber einen Tiefpass fuhrt. Solche 
Umfor mungen sind bekannt und es wird daher 
nicht naher darauf eingegangen. 

Auf dieselbe Weise wie in Rg.59 die PDM- 
Impulse konnen auch PPM-lmpulse decodiert wer- 
den. In der Fig.60 ist dies dargestellt. Der Abstand 
T 2 der pulse wird mit der Sagezahnme thode 
wieder in PAM-Pulse umgeformt und gespeichert. 
Der Abstand T'2 entspricht dann der Spannung u1 
usw. 

Bei der Ubertragung von Fernsehsignalen nach 
dem Prinzip der Fig.36 und 38 mussen die ausge- 
werteten Signals auf der Empfangsseite synchron 
verteilt werden. In der Austastzeit mussen synchro- 
nisierimpulse gesendet werden, damit entspre- 
chend der Sendeseite die Abtastfrequenz auf der 
Empfangsseite die Verteilfrequenz festgelegt wer- 
den kann. Die Summe der vorkommenden gross- 
ten Halbperiodendauern je Zeile darf die Zeit von 
54 us nicht uberschreiten. dies ist die Zeit die fdr 
eine Zeile bei einem Bildformat-4:3 vorgesehen ist. 
Im Sender mussen infolgedessen die Halbperio- 
dendauern mit abgemessen werden u.U. muss in 
den Zeilencode noch ein FUllcode, der z.B. die 
kleinsten oder grdssten Poriodendauorn In be- 
stimmter Folge beinhaltet. Man kann naturlich auch 
andere Fullcodes vorsehen. Ausserdem ist zusatz- 
lich die Austastzeit als Fullcode noch vorzusehen. 
In der Fig.61 sind die kleinsten und grossten Halb- 
periodendauern k und g dargestellt. Solche konnen 
z.B. abwechselnd gesendet werden. Auf dieser Ba- 
sis konnen auch mehrere Kanale uber einen Uber- 
tragungsweg zusammengefasst werden. In der 
Fig.56 ist ein solches Beispiel dargestellt. Mit dem 
Multiplexer Mu werden die Kanale 1 bis n pulsam- 
plitudenmassig zusammengefasst, was ja bekannt 
ist. Diese PAM-Proben werden im Speicher Sp 
gespeichert. vom PDM abgerufen und, wie bereits 
beschrieben, uber ein Steuergerat St, an das die 
Steuerimpulse Jm angeschlossen sind, dem Zahl- 
glied zugefuhrt. Die ubrigen Schaltvorgange sind 
dieseiben wie z.B. in der Fig.36 boschrioben. Nach 
dem Pulsdauerrnodulator PDM konnen die Impulse 
auch direkt entsprechend der Fig.38 weiter verar- 
beitet werden. Auf der Empfangsseite muss natur- 
lich entsprechend der Abgriffsfrequenz des Multi- 
plexers synchronisiert und verteilt werden. 

In der Fig.57 ist eine andere Moglichkeit der 
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In den Fig. 53, 54 und 66 sind die Frequenzban- 
der fur die Ubertragung der Fernsehsignale sehr 
schmal. U.u. konnte man Kanale 2wischen die ein- 
zelnen Femsehkanale unterbringen. In der Fig.42 
ist hierfur der Trager BTz vorgesehen . Bei der 
Codierung nach der Fig. 66 ist der Trager zugleich 
das Modulationssignal. Bei der Modulation des 
BAS-Signals mit dem Zwischenfrequenz'trager 38.9 
MHz wird ausser dem Filter fur die Erzeugung des 
Restseitenband ein Saugkreis bezw. Reihenreso- 
nanzkreis in eine solche Frequenzlage gebracht, 
dass eine Kurve RR wie in der Fig.42 dargestellt, 
zustandekommt. Solch ein Reihenresonanzkreis ist 
leicht zu realisieren. Die Nyquistflanke durfte durch 
dFese Massnahme kaum beeinflusst werden. 



Anspruche 

1. Verfahren fur die digitale und/oder analoge 
Codierung von Information eines, zweier oder meh- 
rerer Kanale und/oder Frequenz oder Bandbreiten- 
reduzierung und/oder Erhohung der Ubertragungs- 
sicherheit, dadurch gekennzeichnet, dass die Uber- 
tragung von Information eines, zweier oder einer 
Vielzahl von Kanalen mit weniger Bandbreite als 
der Einzelkanal bezw. die Summe der Bandbreiten 
zweier bezw. einer Vielzahl von Kanalen ausmacht, 
in der Weise erfolgt, indem die synchron bezw. 
quasisynchron angeordneten Codeelemente der zu 
ubertragenen Kanale parallel geordnet werden 
(Fig.20, S1,S2,..) und so zusammen zu einem Co- 
dewort vereinigt werden und/oder dass die zu co- 
dierende digitale oder analoge Information ggf. un- 
ter Zwischenschaltung von Zwischenstufen 
(z.B.PAM) in PDM-lmpulse umgewandelt werden. 
dass weiterhin Mittel vorgesehen werden, die die 
Werte der PDM-lmpulse in die Halbperioden- 
bezw: Periodendauern von Halbv/ellen oder Perio- 
den eines sinusformigen oder sinusahnlichen 
Wechselstromes umwandeln (Fig. 35, ER.Fig. 36, 
ER, Fig.38 ER) 

2. Verfahren zur Erzeugung einer Frequenzmo- 
dulation, dadurch gekennzeichnet, dass Mittel vor- 
gesehen sind, die eine Information bezw. Signal 
(Fig.30a,lnf) in Pulsdauern umwandeln (Fig.30b,32), 
dass weiterhin Schaltmittel fur die Abmessung der 
Pulsdauern, insbesondere Zahlschaltmittet 
(Fig.35,Z) vorgesehen sind, die zugleich eine Mar- 
kierung der Pulsdauern vornehmen(z.B. 
Fig. 35, ,Z, A), die Markierstromkreise sind dabei so 
in Verbindung mit Pulsdauerimpulsen Gber Gatter 
mit einem elektronischen Schaltmittel (Fig.35,ER) 
verbunden, dass der Anfang und das Ende des 
jeweiligen Pulsdauerimpulses ein periodisches Si- 
gnal, insbesondere Rechteckimpuls, codieren, wei- 
terhin sind solche Siebmittel vorgesehen, dass an 



die Leitung nur sinusahnliche bezw. sinusformige 
Wechselstrdme oder/und oberwellen davon gelan- 
gen (Fig.35,fmo). 

3. Verfahren zur Erzeugung einer Frequenzmo- 
s dulation, dadurch gekennzeichnet. dass Mittel vor- 
gesehen werden, die eine Information bezw. ein 
Signal in Pulsdauern umwandeln und dass weiter- 
hin Schaltmittel vorgesehen werden, die die Dauer- 
impulse in eine ununterbrochene Folge 

10 (Pd.Pd.Pd,..) oder die die Pulsdauerimpulse und 
die dazugehorigen Pausen (Fig.32. PD1.P. PD2) in 
insbesondere Rechteckimpulse umwandeln 
(Fig. 36,38) und dass in der Folge solche Siebmittel 
vorgesehen werden, die diese in sinusformige oder 

;s sinusahnliche Halbwellen bezw. Perioden zu einem 
Codierwechselstrom umwandeln. 

4. Verfahren nach den AnsprOchen 1 bis 3, 
dadurch gekennzeichnet, dass die Pulsdauerimpul- 
se und Pausen bezw. bei Speicherung Pulsdauer- 

20 impulse in einer ununterbrochenen Folge elektroni- 
sche Schaltmittel unmittelbar so steuern 
(ERFig.36.38), dass die jeweilige Pulsdauer bezw. 
Pulsdauerpause in eine Periodendauer bezw. Halb- 
periodendauer von unipolaren oder bipolaren 

25 Rechteckimpulsen umgewandelt wird und dass 
Siebmittel vorgesehen werden, die aus den Recht- 
eckimpulsen sinusahnliche Halbwellen bezw. Perio- 
den in einer ununterbrochenen Folge von positiven 
und ncgativen Halbwellen machen. 

30 5. Verfahren zur Auswertung..von Abstanden 

z.B. zwischen Pulsen oder von Halb-oder Perioden- 
dauern, dadurch gekennzeichnet, dadurch gekenn- 
zeichnet, dass beim Anfang der Abstandsmarkie- 
rung (Fig. 60,1) bezw. beim Nulldurchgang der 

35 Halbperiode Mittel zur Erzeugung einer Sage- 
zahnspannung angelassen werden und dass am 
Ende der Abstandsmarkierung bezw. beim 2. Null- 
durchgang der Halbperiode (Fig.59) Mittel an die 
Sagezahnspannung geschaltet werden die eine Ab- 

io messung derselben oder dass Mittel vorgesehen 
werten (FET) die diese Spannung insbesondere in 
einem Kondensator speichern. 

6. Verfahren nach den AnsprOchen 1 bis 5, 
dadurch gekennzeichnet, dass eine Mehrfachaus- 

45 nutzung von Stromwegen in der Weise erfolgt, 
indem mehrere Informationskanale zeitmultiplex zu- 
sarnmengefasst werden (Fig.56) oder indem die 
Steuerimpulse fur die Zahlglieder eine solche Fre- 
quenz erhalten (Fig.57,Jm1 ,Jm2) dass ihre Codier- 

50 wechselstrome bei der Ubertragung uber einen 
Stromweg keine Uberlappung erhalten. 

7. Verfahren nach Anspruch 1, dadurch ge- 
kennzeichnet, dass fur die Codierung ein mehrstufi- 
ger Amplitudencode (binar.duobinar usw.) und/oder 

55 ein oder mehrstufiger Phasencode und/oder ein 
analoger Amplituden und/oder Phasencode vorge- 
sehen wird, der insbesondere fur die Mehrfachaus- 
nutzung oder Verkleinerung der Frequenz beim Te- 
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lex' (Fig. 18.19.20) beim Fernsehen (Fig.21) bei Te- 
letex. DatenGbertragung (Fig.24) bei der digitalen 
Sprachuberlragung (Fig.28) vorgesehen wird. 

8. Verfahren fUr das Farbfernsehen, dadurch 
gekennzeichnet. dass auf der Sendeseite alle Si- 
gnale codemultiplex zusammengefasst werden , 
wobei die Farb- Ton- und sonstigen Signale code- 
multiplex mehreren Y-Signalen bedarfsweise zuge- 
ordnet v/erden konnen und dass die Empfangsseite 
wie ein Uberlagerungsempfanger (Superheterodyn) 
ausgebildet ist wobei hinter dem Demodulator 
(Fig.23.DM) der Decodierer angeordnet ist mit dem 
zeitgerecht die decodierten Signale verteiit werden. 

9. Verfahren fur die Codierung der Farbfarn- 
sehsignale . dadurch gekennzeichnet, dass seriell 
das y-Signal. rot-Signal y-Signal, Blausignal, Y-Si- 
gnal.Ton + sonstigen Signaleabgegriffen werden In 
einer ununterbrochenen Reihenfolge, dass die 
PAM-Werte auf die Halbperioden- bezw. Perioden- 
dauer von Halbwellen bezw. Perioden eines Wech- 
selstrcmes ubertragen werden und zwar bei Ampli- 
tudengleichheit oder dass nur die Reihenfolge 
Y.r.Y.bl vorgesehen wird und die Ton- und sonsti- 
gen Signale durch einen binaren bezw. duobinaren 
Amplitudencode (Rg.55) in der Weise codiert wird. 
indem jeder Halbwelle oder Periode ein dem Code 
entsprechender Amplitudenwert zugeordnet wird , 
wobei die 4 Amplitudenwerte (Fig. 52) codemulti- 
plex verschiedenen Kanalenzugeordnet werden 
kSnnen. 

10. Verfahren fUr die Codierung der Farbfern- 
sehsignale , dadurch gekennzeichnet, dass die 
Fernsehsignale nur mit einer Frequenz 
(Fig. 53. 54.66) in der Weise codiert werden, indem 
die seriell angeordneten Codeelemente , die durch 
die Amplituden der Halbwellen bezw. Perioden mit 
den Kennwerten grosser oder kleiner Amplituden- 
wert oder kleiner.mittlerer und grosser Amplituden- 
wert gebildet werden fur alle Signale vorgesehen 
werden oder dass der Code aus einer Vielzahl von 
Perioden gebildet wird mit 2 oder 3 Kenngrossen 
und einem kontinuierlichen ubergang zwischen den 
Grcssen (Fig.66,0), wobei bedarfsweise die ser 
Code fur die Unterbringung eines Kanals in der 
Lucke zwischen den herkomlichen Kanalen vorge- . 
sehen ist.Fig.42). 

11. Verfahren nach den Anspruchen 1,7,9 und 

10, dadurch gekennzeichnet, dass die Auswertung 
auf der Empfangsseite bis zum Decoder wie bei 
einem Uberlagerungsempfanger erfolgt. 

12. Verfahren nach den Anspruchen 1,7,8 bis 

11, dadurch gekennzeichnet. dass eine Ubertra- 
gung der Fernsehsignale auf der Basis der doppel- 
tem QAM erfolgt, wobei das y-Signal auf 2 Kanalo 

' mit je 4 bit verteiit wird'und diesen Kanalen zusatz- 
lich js 2 bit fur Ton- und sonstigen ZWecke zuge- 
ordnet wird, die Codeelemente sind die Halbwellen 
eines Wechselstromes mit den Kennzustanden 



grosser und kleiner oder grosser.mittlerer und klei- 
ner Amplitudenwert, die Ubertragung erfolgt be- 
darfsweise auf der Basis der Frequenzmodulation. 



EP 0 329 158 A2 



ti 3 .l 



I \j v : v v 

.\ A A A A A A 




V V j 
A A < 


© 


©10' 

+135° ! -LS a 


w 

0 


/ V V 

©i 

. -125° ; 



lx,/ Z | J J 


.••< 


1 ! i 


\ 
i 

! 




'1 1 









EP 0 329 158 A2 



•1MHz. 



HU 



7 5 s - 



(fa/ 



5^3 



1 



tfj+r l. 



Z2. 



I 



7 • .r& ? * 



(A)- 





















—A 






"J — - 





7? 



Rff 

A 1 X 



7%- 



f-i'3.5 



TO 



EP 0 329 158 A2 



u 

z 






I 






Gd 








5 

















■I -1 



Si z 



z 
3 





i <? r 


-an ... 








A 




0 


m 








n i 




0 


m 


4i ... 





I £ N Jl Z 



1 i ,71, 


| ..H.l.l! 













41 



t/J 4 /t 4 J4 4 4 4! 4 4 



i 



5i 



4 lULljlL^ I 



i I 

i.i • 



EP 0 329 158 A2 



; r l 



bi 



H T 



r 3 


' 3a L£ 


I 


r-^i So 






/ - 

£0- 




sM < 

6c 







DC 



I — AS 



AS Oo 
2oao 
2 Too 
3000 



>* 0 



/fa 



SO 







r — F > 





EP 0 329 158 A2 



E 



£ 4* * 

CM ^43— 



7h 



CF 



-a 




i o 

'/iff 

m 
m 




EP 0 329 158 A2 




EP 0 329 158 A2 




h}.37 



P23S 



to ro 




EP 0 329 158 A2 




h i?" ' 
i I; I 

^ I 



2 34 



i/t 3/t- 
> I 

I I 



I i i I i I 



.Mill 



i ■ ! 



EP 0 329 158 A2 



Ord 



Osc 



Cod — 



j £ Aw zf Dh 




TS 



"(h0)\ 



f5ry; Bfy)'B&) M) 



E gg. 



TV?- 



To 



r 



Til* 



bi 



TfS 



5> 



54 k- 



Europaisches Patentamt 
© /TlJj European Patent Office 

Office europeen des brevets 



© Veroffentlichungsnummer: 0 329 158 

A3 



© EUROPAISCHE PATENTANMELDUNG 

0 Anmeldenummer: 89102762.5 © Int. CIA H04L 25/48, H04L 27/00 

© Anmeldetag: 17.02.89 



© Priorltat: 19.02.88 DE 3805263 


© Anmelder: Dirr, Josef 


17.05.88 DE 3816735 


Neufahrner Strasse 5 


18.08.88 DE 3828115 


D-8000 Mlinchen 80(DE) 


12.09.88 DE 3831054 


© Erfinder: Dlrr, Josef 


19.10.88 DE 3835630 




Neufahrner Strasse 5 


© Veroffentlichungstag der Anmeldung: 


D-8000 Miinchen 80(DE) 


23.08.89 Patentblatt 89/34 




© Benannte Vertragsstaaten: 




AT BE CH DE ES FR GB GR IT LI NL SE 




® Veroffentlichungstag des spater veroffentlichten 




Recherchenberichts: 29.08.90 Patentblatt 90/35 





© Verfahren Wr die digitate und/oder analoge Codlerung von Information eines, zweler Oder mehrerer 
Kanale und/oder Frequenz- oder Bandbreltenreduzlerung und/oder Erhbhung der 
Ubertragungssicherhelt. 



© DiesbezUglich ist bisher bakannt eine frequenz- 
oder zeitmultiplexe Zusammenfassung von Kanalen. 
Allerdings ist hierftlr ein grosser Aufwand und eine 
grosse Bandbreite erforderlich. Bei der Erfindung 
werden die seriell angeordneten Codeelemente ein- 
zeln parallel geordnet und alle zusammen zu einem 
Codewort vereinigt. Eine Ubertragungssicherheit wird 
in der Welse erreicht, indem die Information in PDM- 
Pulse umgewandelt wird und diese Impulse in die 
Periodendauern von Halbperioden bezw. Period.en- 
jy^dauem umcodiert , die dann in einer ununterbroche- 
^|nen Folge von positiven und negativen Halbperioden 




gesendet werden. 



cn 
eg 

CO 



7>'g.20 



o m ° r • 



Europaisches 
Patentamt 



europAischer recherchenbericht 



Numitur der Anmeldung 

EP 89 10 2762 



einschlagige dokumente 



X,P 
L 



X,P 
L 



US-A-4 345 323 (CHANG) 

* Spalte 1, Zeile 57 - Spalte 2, 
Zeile 9; Zusammenf assung * 



PATENT ABSTRACTS OF JAPAN, Band. 
10, .Nr. 337 (E-454) (2393) , 
November 14, 1986; 
& JP-A-61 141 230 (SUMITOMO 
ELECTRIC ' IND. .LTD. ) 28-06-1986 



1,2 



Zusammenf as sung 



US-A-4 066 841 (YOUNG) 



Zusammenf as sung; 
Zeilen 31-50 * 



Spalte 1, 



FR-A-2 015 695 (IBM) . 

* Seite 2, Zeilen 14-29; Seite 10 
Zeilen 11-26 * 

EP-A-0 284 019 (DIRR) 

* Anspruch 1 * • 

DE-A-3 802 088 (DIRR) 

* Anspruch 28 * 



•3,4 



RBcharchsnort 

DEN HAAG 



AbJChluBdalum d«r Racherch* 

16-01-1990 



H 04 L 25748 
H 04 L 27/00 



H 04' J 
H 04 J 



VEAUX 



KATEGORIE DER GENANNTEN DOKUMENTEN 
: von besonderer Bedoutung allein betrachtet 
: von bosondorar Bedoutung in Vorbindung miteinor 

anderen VeroHenllichung derselben Kategarie 
: technologischorHintorgrund 
: nichtschriftliehe Offenbarung 
: Zwischenliteratur 
: der Erf induing zugrundo liogondo Thoonon odor Grundsitzs 




I gebOhrenpflichtige patentansprOche" 



□la vorllegonde europ«lsche Palanunmeldung enlhlalt be! Ihrar Elnrekhung mehr als zehn Patentanaprilehe. 

| | . Mm AnspruchsgabUhren wurdan Innarhalb der vorgesehriebenen Frist antrlchlaL Dar vorllegende europaMsche 
Recherchenberlcht wurda Mr alia Patanlanspruche erstellt. 

[ | Nur tin Tall dar Anspruchsgabuhran wurda Innarhalb dar vorgesehriebenen Frist entrichtat. Dar vorlloganda 
europaiache Recherchenbertcht wurda lUr dla ersten zehn aowla fur Jana Patentanspruche erstellt Kir dla 
AnspruchsgabUhren antrlchtet wurdan. 

namllch Patentanaprllcha: 

I 1 K8ino dar Anapruchsgebuhren wurda Innarhalb dar vorgeachrlebanen Frist entrtchtet. Der vorllecjande euro- 
paiacha Raeharchenberlcht wurda fdr dla antan zahn PetenUnspruche erstellt. 



X I MANGELNDE EINHE1TL1CHKE1T DER ERF1NDUNG 

Nach Auffasaung der Recherchanabtellung entsprlcht die vorllegende europaiache Palentanmaldung nlcht dan Anforda- 

rungan «n dla Elnhellllehkell der EHIndung: sit anthill mahrara Erflndungen odar Gmppen von Ertlndungan. 

namllch; 

1. " Patentanspruche 1-4,6,7,11: Verfahren zur Codierung 

und Ubertragung von Information. 

2. Patentanspruch 5: Verfahren zur Auswertung von 
Abstanden z.B. zwischen Pulsen. 

3. Patentanspruche 8,12: Verfahren zur Ubertragung von 
Farbfernsehsignalen.- 

4. Patentanspruche 9,10: Verfahren fur die Codierung 
der Farbfernsehsignale. 



Alia walleran RecharchengebUhren wurdan Innarhalb der gosehrten Frlat entrtchtel. Par vorllegande euro- 
paische Raeharchenberlcht wurda (Or alia Patentanspruche erstellt. 

Nur eln Tall dor waileran RecherchengebClhren wurda Innerhalb der gesetzten Frist enlrlchtal. Der vorlloganda 
europalsche Recherchenbertcht wurda lUr die Telia der Anmeldung erstellt, die jlch auf Erflndungon bazlehen, 
fUr die RecherchengebClhren enlrichtel word en slnd, 

namllch Patentanspruche: 

Kalne der wollaren Recharchangabahren wurde Innarhalb der gesetzten Frist entrichtat. Dar vorlloganda euro- 
paiache Raeharchenberlcht wurde (Ur die Telle der Anmeldung erstellt. die slch auf dla zuerat In den Pelent- 
ansprUchan erwahnte Erilndung bezlehen, 

namllch PalanuinsprtlchB: 1—4,6,7,11 



rr ( ,V. ****** y> 

HufrA.sU t^gtaTio^ g£ £p 0 32g 1SR ' 

Method for the digital and/or analog coding of 
information of one, two or more channels and/or frequency 
or bandwidth reduction and/or enhancement of the 
transmission reliability. 

In this regard, frequency or time division 
multiplex combination of channels has been known 
heretofore. However, this necessitates great complexity 
and a large bandwidth. In the case of the invention, the 
serially arranged code elements are ordered individually 
xn parallel and all of them together are combined to form 
a code word. Transmission reliability is achieved by the 
information being converted into PDM pulses and these 
pulses being receded into the period durations of half- 
periods or period durations which are then transmitted' in 
an uninterrupted sequence of positive and negative half- 
periods. 
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Method for the digital and/or analog coding of 
information of one, two or more channels and/or frequency 
or bandwidth reduction and/or enhancement of the 
transmission reliability. 

The present invention is concerned with a 
method for the digital and/or analog coding of 
information of one, two or more channels and/or frequency 
or bandwidth reduction and/or enhancement of the 
transmission reliability. 

For the transmission of information of a 
plurality of channels via one path, frequency and time 
division multiplex methods such as, e.g. the carrier 
frequency technique and pulse code modulation have been 
15 known heretofore. One disadvantage of these methods is 
that they require large bandwidths and great complexity. 

The object of the present invention is to 
transmit the information of one, two or more channels 
with less bandwidth and to transmit the information of 
two or more channels via one channel with less bandwidth 
than would be necessary for the sum of the individual 
channels. This is done by the synchronously or quasi- 
synchronously arranged code elements of the different 
channels being ordered in parallel and all of them 
together being combined to form a code word and being 
transmitted. In addition, the intention is also to 
enhance the transmission reliability. This is done by the 
PAM pulses being converted into PDM, PPM and PFM pulses 
into sinusoidal half-periods or period pulses or code 
elements which are transmitted in an uninterrupted 
sequence of positive and negative half -periods . In this 
case, the half-period duration or period duration is a 
measure of the PDM-PPM and PFM pulses. 

The invention can be employed, e.g. for 
combining telex, teletext, fax and digital telephone data 



20 



25 



2 0 329 158 

channels. The invention can advantageously be used in 
shared lines and line concentrators as well. 

Furthermore, the invention exhibits 

possibilities for advantageously coding new television 
technologies for the improvement of C-MAC, D-MAC, D2-MAC, 
etc. Furthermore, it can also be used in the further 
development of the HDTV method. The possibilities for all 
these new television methods are highly restricted due to 
a bandwidth deficiency. 

The invention is explained in more detail below 
with reference to drawings, in which: 

Figure 1 illustrates the principle of a code 
division multiplex arrangement 

Figure 2 illustrates the previous generation of 
phase jumps, e.g. in the case of 4 PSK 

Figures 3 to 8 illustrate the generation of 
phase- jumps 

Figure 9 illustrates the generation of 
amplitude steps 

Figures 10, 11 and 13 illustrate a 
representation of dual QAM and a vector diagram of 
higher-value coding 

Figure 14 illustrates a vector diagram of dual 

QAM 

Figure 16 illustrates the arrangement of the 
coding points in multi-value coding by means of amplitude 
magnitudes and phase angle 

Figure 15 illustrates an overview of the 
generation of phase and amplitude steps 

Figure 17 illustrates the generation of phase 

jumps 

Figures 18, 19, 20, 21, 24, 28 illustrate code 
division multiplex examples 

Figures 22, 23 illustrate an overview of a 
television transmitter and receiver 
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Figures 25, 26, 27 illustrate duplex traffic 

via lines and radio with just one alternating current 

with phase adjustment 

Figure 29 illustrates the compensation of 

overlaps 

Figures 30, 31, 32 illustrate the generation 
and conversion of PDM pulses into half-period pulses 

Figures 33 to 38 illustrate the generation and 
conversion of PDM pulses into an alternating current 

Figures 39 to 44 illustrate instances of coding 
in accordance with the invention for television 

Figures 45, 46, 62, 63 illustrate a double 
binary and double, duobinary arrangement of code elements 
Figures 47, 48, 49 illustrate circuit overviews 
for television 

Figures 50 to 55 illustrate instances of coding 
of colour television signals 

Figures 56, 57, 58 illustrate the multiple 
utilization of transmission paths of PDM-coded signals 

Figures 59, 60 illustrate the evaluation of 
phase-modulated signals 

Figure 64 illustrates a graph showing the 
dependence of the frequency-modulated oscillation on the 
amplitude and frequency of the modulation oscillation. 

A simple way of realizing phase jumps is 
described in Figures 3, 4, 5, 6 and 7. In the first 
instance, this will be explained in more detail with 
reference to Figure 3. Square-wave pulses having a 
frequency of 1 MHz are turned on at the transmitting end 
S. If, as illustrated in Figure 3c, a low-pass filter TP 
of 5.5 MHz is connected into the transmission path, what 
is almost still a square-wave pulse is obtained at the 
receiver E. If, as illustrated in Figure 3b, a low-pass 
filter TP of 3.5 MHz is connected in, the vertical edge 
steepness is no longer present; if, on the other hand, as 
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illustrated in Figure 3a, the low-pass filter is reduced 
to 1.5 MHz, then a sine-like alternating current having 
the period duration of the square-wave period is obtained 
at the receiver E. Thus, since the period duration does 
not change relative to 'the square-wave pulse, by altering 
the period durations of the square-wave pulses it is also 
possible to change the phase and/or frequency of the 
sinusoidal alternating current illustrated in Figure 3a. 
Since such a change always takes place at the zero 
crossing, a continuous change takes place and harmonics 
are hardly generated, that is to say the transmission is 
more narrowband than in the case of the phase keying 
systems that have been customary hitherto. At the 
receiving point, the change in the period duration can 
then also be provided as a measure of the phase jump. 
Such an evaluation circuit will be described later. 

Figure 4 illustrates square-wave pulses with 
different period durations T = f, T = fl and T = f 2 . 
After an analogous arrangement according to Figure 3a, a 
sinusoidal alternating current with the period durations 
T =l/f, T = 1/fl, t = l/f2 would be obtained at the 
receiving end. Since the frequency of the alternating 
current decreases or increases in the event of phase 
jumps, the frequency change corresponds to a phase jump. 
This is clearly revealed by Figure 2, which illustrates 
conventional phase keying. It is evident from this that 
for each phase change a frequency change is effective, 
but not continuously. Therefore, it. is also difficult to 
determine the size of the phase jump from the period 
duration at the receiving end. 

In order to keep the frequency changes and thus 
also the frequency band small, each phase jump can be 
split into steps. Figure 5 depicts this diagrammatically . 
In Figure 5, T/2 is the half -period duration of a pulse 
and corresponds to 180 degrees. This angle is divided 
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into 36 steps each of 5 degrees. If a phase jump of 
40 degrees is intended to be produced, then the half- 
period T/2 is shortened 4 times, by 5 degrees, and of 
course so is the other half-period as well. The half- 
period duration relative to the reference pulse is then 
Tl/2. After the phase jump, it is possible either to 
leave this frequency or else to change it over to the 
frequency T/2 again, by providing a phase jump of 
5 degrees in the opposite direction. A phase shift of 
3 0 degrees would then still be present relative to the 
reference phase. In Figure 6, the periods of the 
reference phase are illustrated 4 times with respect to 
time and the periods of the periods shortened by 
2x5 degrees are illustrated 4 times. Upon comparison 
after the 4th period, the difference of 40 degrees 
relative to the reference phase is evident. 

Figure 7 illustrates a circuit of an embodiment 
of the invention. It is assumed that the period duration 
is subdivided into 72 steps, to be precise with phase- 
jump steps of 5 degrees. Each step is intended to be 
assigned 10 measurement pulses, and so 72x10 = 720 
measurement pulses are necessary for the period duration ■ 
and 360 measurement pulses are necessary for the half- 
period duration. Only the half -periods ever need be coded 
at the transmitting end. The 2nd half-period is then 
controlled in each case by means of the coder Cod. If 
phase jump steps of 5 degrees are provided, then 350 
measurement pulses are necessary for the half-period, if 
the change is intended to be leading, and 370 measurement 
pulses are necessary in the case of a lagging phase 
change. The counting element Z in Figure 7 must therefore 
have at least 370 outputs. The measurement pulse 
frequency thus depends on the coding frequency. In the 
example of Figure 7, the control alternating current for 
the measurement pulses is generated in the oscillator 
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Osc. As a result, the counting element can be controlled 
directly via the gate Gl, or, alternatively, pulses can 
be generated by means of a Schmitt trigger or another 
circuit and the counting element Z can then be switched 
by these pulses. The pulse duration can also be changed 
by altering the oscillator frequency. Assuming that the 
output Z2 at the counting element Z marks 370 measurement 
pulses, that is to say the lagging phase shift, then the 
coder Cod applies a potential via g2 to one input of the 
gate G2 which is such that, upon reaching the counting 
element output Z2 , via which e.g. the same potential is 
then applied to the other input of G2, the potential at 
the output of G2 then changes, e.g. from h to 1 . In the 
electronic relay ER, this results in the positive 
potential + being applied to the output J. The coder Cod 
is connected to the electronic relay ER via the 
connection A. In the event of the next overflow of the 
counting element Z to Z2, ER is controlled via the 
connection A in such a way that negative potential - is 
applied to the output J. Bipolar square-wave pulses can 
thus be tapped off at the output of ER. Unipolar square- 
wave pulses could be generated in exactly the same way. 
This operation is repeated as long as the coder Cod 
applies potential to G2 . If, by way of example, 5 phase 
steps are provided for a phase jump, then the counting 
element Z is switched 10 times to Z2 . At the output Z2 , 
the switch-back of the counting element is effected via 
the gate G4, R. Thus, by way of a differing number of 
outputs at the counting element Z and/or by altering the 
oscillator frequency, it is possible to set the pulse 
duration, the number of steps and the size of the steps. 
This variant is controlled by means of the coder Cod. The 
oscillator frequency can be changed over by way of fA, 
the number of steps and, if appropriate, the phase angle 
change and the step size by way of the terminals g2 , 
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g3, . ., and the amplitudes of the square-wave pulses J by 
way of A. Two sizes + (A) + , - (A) - are provided in the 
example. The square-wave pulses J are then connected to 
a low-pass filter in an analogous manner to Figure 3, and 
are passed via a transformer U, e.g. onto the 
transmission path, if appropriate with the interposition 
of a filter Fi . 

Beginning potential must also be applied to the 
gate 61, via B, in order that the oscillator pulses take 
effect. The following instances of coding are thus 
possible with this arrangement: a leading phase shift, a 
lagging shift phase, no phase shift. These can also be 
effected in a step-by-step manner. The phase difference 
or the reference phase can be used. In addition, it is 
possible to provide amplitude coding, if appropriate in 
a step-by-step manner. A further -possibility is to 
perform the coding upon the positive or negative pulse or 
half -cycle. The number of square-wave pulses is also a 
further code means . 

It is also possible to filter out a harmonic of 
the square-wave pulses. If this is done, e.g. for the 3rd 
harmonic, then 3 periods are contained in a positive- 
negative pulse. The phase shifts are also contained in 
these 3 period durations when the pulse duration is 
altered. 

In a wide variety of circuits, such as, e.g. in 
the case of quadrature amplitude modulation (QAM), 
alternating currents which are phase-shifted by 
90 degrees with respect to one another are required. 
Figure 8 illustrates a circuit principle for generating 
such phase-shifted alternating currents of the same 
frequency. In an analogous manner to Figure. 7, the 
counting element. Z is controlled by an alternating 
current which is generated in the oscillator Osz and is 
passed via the gate G, at whose other input a beginning 
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potential B is present. In the example, the intention is 
to generate 4 square-wave pulses which are phase-shifted 
by 9 0 degrees with respect to one another. If the 
counting element Z has 100 outputs, then electronic 
relays ER1 to ER4 analogous to the ER relay in Figure 7 
should be connected at the 25th, 50th, 75th and 100th 
outputs . Square-wave pulses are then generated by means 
of these electronic relays, as already described in 
Figure 7. In this case, the ER relays also contain means 
which always perform a potential reversal in the case of 
bipolar square-wave pulses and withdraw the potential 
during one sweep in the case of unipolar square-wave 
pulses. The square-wave pulses are then (designated by J 
in Figure 7) transmitted via the filters Fil to Fi4 . The 
resultant alternating current has a phase shift of 
90 degrees in each case relative to the current generated 
by the next output. Instead of phase-shifted alternating 
currents, pick-off s of e.g. PAM samples which are phase- 
shifted by 90 degrees can also be controlled by the 
outputs. A filter FiO is additionally arranged at the 
electronic relay ER1 and allows e.g. only the 3rd 
harmonic of the square-wave pulse to pass, with the 
result that the tripled frequency of the square-wave 
pulses is obtained here. The phase shift is then 
transferred to the 3rd harmonic. 

With Figure 7, different amplitude steps can 
also be generated simultaneously. Only two are identified 
in the circuit. In Figure 9 there is a further 
possibility for generating different amplitude steps. The 
alternating current generated in Figure 7, for example, 
is fed to a limiter in which the control pulses are 
generated. The characteristic states are fed in via the 
terminal Code, which states perform a changeover to the 
amplitude magnitude determined by the code, to be precise 
in the coder Cod. The changeover to another amplitude 
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magnitude always takes place at the zero crossing. The 
magnitude of the amplitudes is determined by the 
resistors Rl to R4 arranged in AC circuits. Electronic 
relays I to Ives controlled by the coder Cod connect the 
various resistors into the AC circuits. Four amplitudes, 
of different amplitudes are then obtained at the output 
A. 

It is also known to code an information item by 
means of the half-cycles or' periods of an alternating 
current; in the case of a binary code, the characteristic 
states are then a large and a small amplitude value. If 
2 of such coding alternating currents of the same 
frequency are phase-shifted by 90 degrees and added, then 
they can be transmitted with an alternating current of 
the same frequency. Figures 10a, b illustrate the channels 
Kl and K2, which are coded by the periods as code 
elements with the characteristic states of large 
amplitude value = 1 and small amplitude value = 0. If one 
is phase-shifted by 90 degrees with respect to the other, 
then they can be added. Figure 11 illustrates their 
vector diagram. The channel Kl has the vector Kl (u) and 
the channel K2 has . the vector k2 (v) . The two 
characteristic states of the two alternating currents are 
designated by ul/uo and vl/vo. If both are then added, 
the 4 sum vectors I, IV and II, III are obtained. It can 
be seen that the vectors II and III no longer lie on the 
45 degrees line. This makes the evaluation somewhat more 
difficult. Four possibilities which can all be placed on 
the 45 degrees line, designated by (II) and (III) in 
Figure 11, suffice for the evaluation of the binary 
signals. Figure 13 illustrates the 4 possibilities, 00, 
11, 10, 01. If all 4 possibilities are on the 45 degrees 
vector, as illustrated in Figure 11, they can be coded by 
4 amplitudes of different magnitudes, that is to say with 
a sinusoidal alternating current. Figure 9 illustrates 
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one such possibility. In order to transmit binary signals 
of two channels, therefore, a multi-value quaternary code 
is sufficient; such as e.g. 4 PSK or 4 QAM. These 
instances of coding are distributed between a period. In 
Figure 9, the positive and negative half -cycles are of 
the same magnitude; in that case, the transmission 
exhibits freedom from direct current. The positive and 
negative half-cycles can be utilized as an additional 
criterion. The 4 amplitude characteristic states can then 
be distributed, 2 to the positive half-cycle and 2 to the 
negative half -cycle. These may have the same magnitude, 
that is to say e.g. I + iv for the positive and negative 
half -cycles in Figure 11. To ensure that this coding 
alternating current always lies above the interference 
level, the coding alternating current must always have a 
specific magnitude, e.g. (Ill) as in Figure 11. The 
amplitude magnitude IV will than be increased somewhat. 

Reduction of e.g. binary-coded alternating 
currents with the half-cycles or periods as code elements 
is already known. This presupposes phase shifts of the 
samples taken. The present invention demonstrates a 
further possibility for reducing the frequency of binary- 
coded information, in particular. Figure 1 depicts a 

channel K with a binary code 1,0,1,1 if the frequency 

of the channel is intended to be reduced, into 2 channels 
at half the frequency, then in each case 2 serially 
arranged binary values of the channel K must be 
distributed in parallel between the channels Kvl and Kv2 ; 
taking the example of the 4 values 1,0,1,1 of the channel 
K, the value 1 to Kvl, the value 0 to Kv2 , the value 1 to 
Kvl again and the other value 1 to Kv2 . In this case, one 
value can always be stored, or the values can also be 
transmitted in a manner staggered over time. This must be 
taken into consideration during the evaluation. 
Simultaneous transmission of 2 channels has actually 



11 0 329 158 

already been explained in Figures 11 and 13. As is 
evident from Figure 13, 4 combinations are possible. 

Figure 10 illustrates 4 coding alternating 
currents K1-K4 with the code elements of period and the 
characteristic states of large and small amplitude values 
of the same frequency. If there is a desire to transmit 
all 4 on the basis of QAM, they must have the following 
phases, Kl = 0 degrees, K2 = 90 degrees, K3 = 90 degrees 
and K4 = 180 degrees. K1/K2 and K3 /K4 are combined to 
form a coding alternating current in accordance with 
Figure 9 and added. Figure 14 illustrates the vector 
diagram for this. It can be seen that 16 combinations are 
possible. Furthermore, it is evident from this that only 
4 values lie on the 45 degrees vector. During the 
evaluation, the leading and lagging phase shifts must 
also be taken into account for the other values. The 
phase-shifted alternating currents are generated in an 
arrangement of the kind illustrated in Figure 8 and fed 
to 2 arrangements according to Figure 9, these 
alternating currents being phase-shifted by 90 degrees 
with respect to one another. 

It is also possible to add an aggregate 
alternating current and single coding alternating 
current; a prerequisite is a phase shift of 90 degrees 
with respect to one another. Eight combination 
possibilities arise in this case. 

Four channels can also be transmitted in coding 
division multiplex, as illustrated in Figure 1. In the 
first place, 16 combinations are necessary. Known 
instances of coding can also be provided for this, such 
as e.g. 16 PSK, 16 QAM and 8 PSK. Coding in this case 
requires one period in each case, if phase shifts in 
accordance with the present invention are provided. 
Instead of the characteristic states that are indeed in 
close proximity in the case of dual QAM according to 
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Figure 14, it is also possible to perform any desired 
coding. In Figure 16, the coding is performed by phase 
differences of 30 degrees and by 3 and 4 amplitude steps. 
If there is a desire for even greater reliability, the 4 
amplitude steps BPh can be additionally divided. Steps 
may additionally be accommodated on the zero line. It is 
thus possible to provide each half -cycle for such coding. 
However, if there is a desire to perform transmission via 
wire-based transmission paths, it is expedient to 
transmit the negative half-cycle with the same coding, in 
order that freedom from direct current is manifested. A 
reduction can also be performed using the same method. In 
Figure 1, the channel is intended to be transmitted only 
at a quarter of the frequency. In each case 4 serially 
arranged binary elements 1 and 0 are arranged in 
parallel, as provided in Figures 1 a,b. The values 1,0, 
1,1 of the channel K are then divided in parallel between 
the channel Kvl "1", channel Kv2 "0", channel Kv3 "1" and 
channel Kv4 "1". m the coder, the predetermined coding 
point is then determined for the respective combination 
and transferred to the phase and amplitude of the coding 
alternating current. The phase is defined in Figure 7; if 
appropriate, it can also be used simultaneously to code 
the amplitude, and the required amplitudes can then be 
25 • coded in Figure 9. The overview of this is illustrated in 
Figure 15. The coding point is defined on the basis of 
the four-element combination in the coder Cod. The phase 
coder generates the half-cycles or periods with 
corresponding phase and the amplitude coder generates the 
3 0 associated amplitudes. A phase coder may be embodied 
analogously to Figure 7 and an amplitude coder 
analogously to Figure 9. 

A phase, jump always signifies a change in the 
period duration. This change, that is to say frequency 
change, can be maintained if there is no further phase 
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change, or a changeover back to the original frequency 
can be effected during the next period or half -period. 
Since the alternating current has a different phase in 
the latter, case, a reference phase is necessary during 
the evaluation. As emerges from Figure 4, with the aid of 
the circuit of Figure 7 it is possible to maintain any 
desired phase, that is to say maintain the frequency 
which was produced during the phase change. The phase 
changes are always performed at the zero crossing in the 
present case. In Figure 16, it is possible to provide a 
reference phase BPh, from which a phase shift is 
performed leading and lagging 2x30 degrees. 

Figure 17 illustrates the generation of the 
phase jumps of Figure 16 according to the principle of 
Figure 7. The angle of 360 degrees is identified by 3600 
pulses. If there is only an amplitude change with the 
reference phase, then the counting element is always 
switched through from 0 to 360 degrees. In this case, the 
control is effected by means of the coder Cod, which has 
already been described in Figure 7. In this case, the 
amplitude change is effected in the manner illustrated in 
Figure 7 or in Figure 9. If the phase jump Phi in 
Figure 16 is intended to be effected, then it is 
necessary, if freedom from direct current is required, 
for each half-period to be switched as far as the output 
195. A reference phase is not necessary during the 
evaluation because, as long as no further phase change 
takes place, the unambiguous phase is, after all, defined 
by the period duration. If the coding lies on the vector 
Ph3, then the period duration is 330 degrees, that is to 
say a changeover is always effected at the output 165. In 
this case, the phase shift is always referred to the 
period duration. If, e.g. in the last case, the phase 
shift were referred to the half-period, then a switch- 
back would in each case have to be effected at the output 
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150. Other methods of generating phase jumps can be used 
in exactly the same way. 

The phase jumps are evaluated in a known manner 
by measuring the period durations by means of an 
excessively increased .control rate of counting elements, 
e.g. disclosed in European patent application 86104693.6. 

A reference phase is necessary in the 
evaluation of Figure 14 . The amplitude points 1 to 4 are 
arranged directly on the reference phase angle while the 
other 12 coding points are arranged such that they are 
leading and lagging with respect to the reference phase. 
It is assumed that the signals are those of a television 
system. In the blanking interval, the reference phase is 
then determined and, at the same time, control signals 
are transmitted. In this case, only the amplitude values 
on the reference phase are used. From the transmission 
path UW, the signals are fed to the input unit EST 
(Figure 12). They then pass to a limiter B, on the one 
hand, and to a code evaluation arrangement CA, on the 
other hand. In the limiter, the positive and negative 
half -cycles are converted into Jp and Jn pulses. In the 
comparison device VE, the phase of the pulses arriving 
from the transmission path is then compared with a 
reference phase pulse JBn. Figure 12a illustrates the 
leading, lagging and reference phase pulses Jv, Jn, JB 
which are compared with the reference phase pulse JBn 
determined from a coding. The 3 possible phase values of 
leading, lagging or reference phase are each passed to 
the code evaluation arrangement. In the latter, the 
amplitude values are determined and, in connection with 
the leading, lagging or reference phase, the coding 
points are then determined and forwarded via S for 
further utilization. The coding of the reference phase in 
the blanking interval may be configured e.g. in such a 
way that the point 2 is transmitted for 4 times and the 
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point 4 is transmitted 4 times on the reference phase. 
• The evaluation thereof is carried out in the reference 
phase evaluation arrangement BA. The latter then passes 
a reference phase pulse JBn to the comparison device. 

Figure 18. illustrates a further exemplary 
embodiment of the invention. The 5 channels Kl to K5 are 
intended to be transmitted by code division multiplex 
only via one channel or path. The e.g. binary-coded 
information of these 5 channels is firstly stored in the 
memory Sp. By way of example, Figure 20 illustrates the 
steps of the binary characters, to be precise in a manner 
such that they are already synchronized. Therefore, in 

each case 5 steps or pulses SI, 2, 3 arranged in 

parallel are to be coded. The steps of SI are 1-1-0-1-0. 
Five bits are necessary for the coding of these 32 
combinations. In the example, these are coded with the 
amplitudes of the half-cycles of an alternating current 
with the characteristic states of large and small 
amplitude values and with a leading and a lagging phase 
jump of 3 6 degrees, as is shown in Figure 19. The binary 
values are fed to the coder Cod from the memory Sp of 
Figure 18 and are converted into a corresponding code in 
the said coder. In the decoder at the receiving end, the 
corresponding steps are assigned to the 5 channels again 
in accordance with the code. 

Figure 21 illustrates a further application of 
the invention for the coding and transmission of the 
signals in colour television. The luminance signal is 
tapped off at 6 MHz. This principle has actually already 
been disclosed in the published patent application . 
P 32 23 312. The colours red and blue are each intended 
to be tapped off at 1.2 MHz, that is to say one red and 
one blue tapping coincide with 5 luminance tappings. The 
luminance tappings are designated by I, II, m, IV , v. 
These samples taken are coded with 8 bits, binary-coded 
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in the example. With the tapping III, the tappings for 
red and blue must then also be carried out. The samples 
taken of red and blue are binary-coded with 6 bits in the 
example. During the transmission of the 5 luminance 
samples taken, the code for the red and blue colour 
samples taken is also simultaneously transmitted. With 
the tapping of red and blue, the transmission of the 
colour and the sampling I of the luminance signal could 
be begun. It is also possible to store all 5 luminance 
samples taken and colour signal samples and begin the 
transmission of all the television signals only after the 
5th sampling. Figure 21a depicts the binary codes of all 
the signals to be transmitted. The 8 bits 1-8 of the 
luminance samples taken are each arranged in parallel. 
15 Then, serially, digital audio and other signals T + So, 
the 6 bits of the red signal and once again the audio and 
other signals are arranged under 9, 10, and the audio and- 
other signals again and the 6 bits of the blue signal are 
arranged under 11, 12. It is expedient if the luminance 
20 samples I to V are still stored at the transmitter and 
the colour codes for red and blue are transmitted with 
the preceding luminance samples, so that it is then 
unnecessary for the 5 luminance samples to be stored at 
the receiver. Only the red and blue samples then need be 
2 5, stored. The audio and other signals must likewise be 
stored and then be fed to the loudspeaker 
contemporaneously with the picture. These signals can, of 
course, also be placed in the blanking interval. In the 
example, therefore, 12 bits are required for the 
transmission of a luminance sample for the audio and 
other signal samples and for the colour samples taken. 
Figure 21b illustrates an example of the coding of these 
12 bits. Five half -periods of an alternating current are 
provided for this purpose. In this case, the binary code 
35' comprises code elements of the half-cycles with the 
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characteristic states of large and small amplitude 
values. In addition, a leading and lagging phase shift of 
3 6 degrees is also provided, with the result that 12 bits 
are thus obtained. 

Figure 22 illustrates an overview of such a 
television transmitter. The control element StO controls 
the television camera FK and also supplies the remaining 
control signals such blanking and synchronizing signals 
A + S. The red, green and blue signals are fed in the 
first place to the Y matrix YM and red and blue are 
simultaneously fed to the chrominance conditioning 
arrangement FA. At the same time, a concentrator K is 
provided, which taps off the luminance signal Y, the 
colour signals r + bl and the audio and other signals. At 
the tap 3, a criterion is passed via the connection 3a to 
the chrominance conditioning arrangement. In the latter, 
tapping off from the red and blue signals is performed 
and both values are stored in the capacitors CI and C2 . 
A Y value present at the 3rd tap is additionally fed to 
the FA by the Y matrix, with the result that the colour 
difference signals r-y and b-y are obtained at the taps 
6a and 6b. - it is also possible to tap off just the 
colour separation signals. - By means of the module TSo, 
the audio and other signals are fed to the concentrator 
in an analogous manner via 6c and 6d. From the 
concentrator, all values are fed to a memory Sp. From the 
memory, the signals are fed in a correctly timed manner, 
e.g. as described in Figure 21a, to an analog/digital 
converter. In the latter, coding is effected in 
accordance with Figure 21b. During the blanking interval, 
a changeover is made to the concentrator Kl via U. As a 
blanking criterion, it is possible e.g. sometimes to 
transmit the code word with all zeros. — In addition, 
other signals So can also be transmitted in the blanking 
interval. The beginning of a line can also be marked by 
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a zero code. Synchronization is predetermined during the 
line by the sequence and the number of half -cycles. In 
the case of the present code, a nominal frequency of 
15 MHz is necessary. If there is a desire to use only one 
amplitude code, 2 alternating currents each at 18 MHz are 
necessary, which could then be phase-shifted by 
90 degrees and added before being transmitted. It is 
merely a question of viability and reliability as to 
which method is used here. The leading or lagging phase 
jump is defined by the period duration in the example. 
Therefore, no reference phase is necessary in that case. 
It is possible, of course, to use multi-step amplitude 
codes and/or phase codes in order to reduce the 
frequency. The PAM signal, for example, can be applied to 
the audio input T, which signal is then tapped off 
occasionally within the 8 kHz time. In this case, there 
are numerous opportunities for utilizing the tap 6c/ 6d. 
Figure 23 illustrates a partial overview of a television 
receiver. The signals are fed to the demodulator DM via 
the RF oscillator and mixing stage and the amplifier V. 
In the said demodulator, e.g. the signals as illustrated 
in Figure 21b are obtained again and fed to the decoder 
DC. The colour signals are subsequently forwarded to the 
matrix Ma. The Y signal is also connected to the said 
matrix. By way of example, the colour difference signals 
R-Y, G-Y and B-Y are then obtained at the output of the 
matrix and, like UY, are passed to the television tube. 
The decoder DC then additionally supplies the blanking 
and synchronizing signals AS and the audio and other 
signals. 

Figure 24 illustrates an example in which the 
code for the code division multiplex is obtained from a 
plurality of alternating currents. It represents a binary 
code in which the half -cycles of the alternating currents 
serve as code elements and in which a large and a small 
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amplitude value form the characteristic states. The 
characteristic identifiers to be transmitted comprise 
square-wave pulses at the frequency 1000 Hz, as is 
illustrated in Figure 24a. Twenty channels are intended 
to be transmitted in. code division multiplex. The half- 
cycles of the alternating currents at 1000, 1500, 2000, 
2500 and 3000 Hz are provided for this purpose. A 
plurality of channels at a lower bit frequency can, of 
course, be fed to each channel in time division 
multiplex. The same bit number could be achieved in 
exactly the same way with 2 alternating currents at 
2000 Hz and once again 2 alternating currents at 3000 Hz, 
in which case these would each have to be phase-shifted 
by 90 degrees with respect to one another, so that they 
could be added in the event of transmission. The best way 
of producing synchronization between the individual 
channels is already known (Unterrichtsblatter der DBP 
Issue 4/6, 1979), and it will not, therefore, be 
discussed any further. Digitized voice or a plurality of 
voice channels can also be transmitted simultaneously in 
the same way. 

In the case of amplitude coding, duplex 
operation can be carried out using the same alternating 
current. To that end, it is necessary for the remote 
coding alternating current to be phase-shifted by 
90 degrees. Figure 25 illustrates this principle. In this 
case, the code may be digital, a binary code in 
accordance with the patent DE 30 10 938, or, 
alternatively, analog in accordance with Canadian patent 
1 214 227. With half-cycles as code elements the 
frequency is 32 kHz in the case of digital coding and 
4 kHz in the case of analog coding. In Figure 25, SI is 
the microphone and E2 the receiver of one subscriber and 
S2 and El those of the other subscriber. In SI there is 
also a coder in which the coding alternating current is 
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obtained from the speech. From SI, the coding alternating 
current passes via a hybrid G, the subscriber or 
connecting line RL to the hybrid G of the remote 
subscriber . and to the receiver El. The latter 
additionally contains. a decoder which recovers the speech 
from the coding alternating current. The coding 
alternating current of SI shall be the synchronizing 
alternating current. From El, the said current is 
branched off via a 90 degrees phase shifter to S2, in 
which it is amplified, if appropriate. If S2 now speaks, 
a coding alternating current which is phase-shifted by 
90 degrees is transmitted via G, RL, G to E2, where it is 
decoded and communicated to the receiver as speech. If, 
by way of example, simultaneous speaking occurs 
momentarily, an addition alternating current is produced 
on the transmission path RL. Cancellation is not caused. 
This principle can be provided in exactly the same way 
for duplex traffic in the case of data transmission. 
Further examples in this regard are disclosed in the 
published patent application DE 3802088. 

This method can, of course, also be used for 
radio, e.g. for directional radio. Figure 26 depicts an 
overview in this regard. In this case, the transmission 
alternating current is concomitantly provided as the 
coding alternating current at the same time. Low-level 
modulation is advantageously used. The transmission 
alternating current is generated in the oscillator Oszl . 
The basic signal is converted into an alternating current 
digital code in the analog/digital converter Al/Dl. It is 
even more simple if an arrangement according to Figure 7 
is provided as oscillator and coder. From the coder, the 
electronic relay is then controlled in such a way that 
large and small square-wave pulses are present at the 
output J, and are then shaped to form a sinusoidal 
alternating current in the low-pass filter TP. The coding 
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alternating current then passes via amplifiers (not 
illustrated) to the output stage E and to the 
transmission antenna. A branch circuit may additionally 
be provided in the output stage, in which branch circuit 
the harmonics are phase-shifted by 180 degrees, and are. 
then fed to the main circuit again for the purpose of 
compensation. At the receiving end, the useful signals 
are fed via a fixed tuning circuit to an amplifier V and 
then forwarded to the digital/analog converter D2/A2. The 
analog signal is then passed on, e.g. via a switching 
system. Via the amplifier V, the transmission alternating 
current is also branched off to a 90 degrees phase 
shifter Ph and then forwarded to the oscillator Osz2 . The 
oscillator is synchronized with this. Via the converter 
A3/D3, amplifiers (not illustrated) and the output 
amplifier E, the transmitter of the opposite direction is 
then operated. The receiver El is connected in exactly 
the same way as the receiver E2, only the phase shifter 
is not necessary. 

A phase shifter according to the principle of 
Figure 7 is illustrated in Figure 27. In the latter, 
compensation for small frequency fluctuations is provided 
at the same time. For this purpose, a counting element Z 
is provided which has 1000 outputs. During a half -cycle 
of the transmission alternating current, the counting 
element passes through these 1000 outputs. The control 
pulses Js are generated in an oscillator (not 
illustrated) . In the case of a phase shift of 90 degrees, 
a phase shift of 45 degrees coincides with a half -cycle; 
that corresponds to 250 outputs. The transmission 
alternating current half-cycles coming from the amplifier 
V are fed to a limiter, with the result that square-wave 
pulses Jp and Jn are produced at the output thereof. 
These pulses are connected to the control element St. The 
control pulses Js and the beginning characteristic 
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identifier Be are additionally applied to the said 
control element. The control element is connected in such 
a way that only whole Jp and/or Jn pulses are ever 
activated at the counting element. If the counting 
element has reached the output 1000 during a pulse Jp, 
then the gate Gil assumes the operating position. A Jn 
pulse is connected to the gate G12 and, after the end of 
the Jp pulse, as a result of the delay of the monos table 
element mG4, potential is also momentarily connected to 
the said gate G12 . G12 is activated and applies potential 
to one input of G13 ; I potential has already been applied 
to the other input of G13 from Gil. A potential 
changeover then takes place at the output of G13 and 
inverts G16 at the output. The consequence of this is 
that G17 generates a switch-back potential for the 
counting element. Potential is also applied to the gates 
G8, G9 and G10 such that they, in interaction with the 
allocated outputs 1000, 999, 1001, control one of the 
monostable elements mGl, mG2 or mG3 . Since the Jp pulse 
has controlled the counting element up to 1000, the gate 
G9 and mG2 has now been activated. If the counting 
element is then controlled to the output 250 by the next 
Jn pulse, then the gate G6 is activated, which controls 
the electronic relay ER which, in accordance with 
Figure 7, generates a square-wave pulse which is shaped 
to form a half -cycle in the low-pass filter. For the Jn 
pulse, the gates G15, G14 and the monostable element mG5 
are arranged for the output marking. The monostable 
element mG2 is latched, e.g. up to the output 260. G6 
then assumes the starting position again. The electronic 
relay remains in this position until the next marking of 
the output 250. If only the output 999 is reached due to 
a frequency fluctuation, then, instead of G9, the gate G8 
is marked and mGl and G5 are activated when the output 
249 is reached. If the output 1001 is reached, then G10 
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and mG3 are activated, and the gate G7 is activated in 
the event of the output 251 being reached. Such frequency 
fluctuations are thus also passed on to the alternating 
current which is phase-shifted by 90 degrees. Figure 27a 
illustrates the control element in detail. The pulses Jn 
and also the beginning characteristic identifier are 
connected to the gate G3 . If both are present, G3 is 
activated and causes the bistable element bG to attain 
the operating position, which then applies operating 
potential to the gate Gl . It is only then that the Jp 
pulse can take effect. The control pulses Js then pass 
via the gate G2 , which is merely a potential reversal 
gate, to the counting element. The further operations at 
the counting element have already been described. 

In Figure 27, the negative half -cycle can be 
generated either by the Jn pulse, or the sweep of the 
positive half-cycle' is repeated, the respectively marked 
outputs being stored. 

The code used in the invention may preferably 
be an amplitude and/or phase code, of the kind 
illustrated by way of example in Figure 16. With purely 
an amplitude code, it is also possible to provide 2 code 
alternating currents of the same frequency, in which case 
one is then phase-shifted by 90 degrees in the event of 
transmission and subsequently added to the other. 

The principle behind the invention can also be 
used for the transmission of digitized voice. Figure 28 
illustrates 5 coding alternating currents with a binary 
code, the characteristic states being a large and a small 
amplitude value of the respective half -cycle. In this 
case, the frequencies are 8, 12, 16, 20 and 24 kHz. 
Twenty bits are obtained in this case; if 2 alternating 
currents of the same frequency, but phase-shifted by 
90 degrees, are additionally provided, then 40 bits are 
obtained, that is to say, in the case of 8-bit code 
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words, as illustrated in Figure 28a, 5 digitized voice 
channels can thereby be transmitted. 

In Figures 21 and 22, 2 audio tappings suffice 
per line given a tapping frequency of approximately 
30 kHz (PAM) per line, which tappings can be effected 
e.g. at the beginning of the respective picture line and 
in the centre of the picture line; the spacing is then 
32 us. Each tapping is then converted into an 8-bit code 
in the analog /digital converter A/D and is then 
transmitted with the following 5 luminance code words, as. 
is illustrated in Figure 21a. By way of example, with 
1/9, lo, 11, 12 and V/9, 10, 11, 12 in Figure 21a. The 
tappings during the frame change time must be determined 
e.g. by time measurement. The coding is then also 
effected in the frame change time. 

For the code division multiplex it is possible, 
of course, to use any desired code, such as the AMI or 
HDH-3 code. In the examples, an amplitude code is often 
used in which the code elements comprise the half-cycles 
or periods of a sinusoidal alternating current with the 
characteristic states of small and large amplitude 
values. In this case, one code element corresponds to one 
bit. If, by way of example, 12 bits are required for the 
CVBS and audio signals, then 12 half -cycles are 
necessary. The coding can be realized asynchronously with 
the tappings, since the length of the code words does not 
change. If, on the other hand, a phase code or 
additionally a phase code is provided, then the period 
duration also changes in the event of each phase change, 
with the result that, in the case of a periodic tapping 
and in the case of equidirectional phase changes, the 
signal tappings are no longer synchronous with the code. 
For compensation purposes, there are two possibilities in 
this case - in addition to buffer storage - in the first 
place re-establishing the nominal frequency in the event 
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of each phase change until the next phase change, e.g. in 
Figure 4 the nominal frequency f2 and, if a phase change 
T = fl takes place and if the following codings have the 
same phase, changes, then the following codings are coded 
with the nominal frequency f 2 . Only if the phase fl 
changes again does a phase change then take place with 
regard to the reference phase, that is to say the 
reference phase must be stored at the receiver. The said 
reference phase can be transmitted by the transmitter, 
e.g. in the blanking interval. Another possibility for 
avoiding overlaps of 2 tappings consists in the following 
procedure: at the transmitter, with each code word, a 
measurement is made between the end of the code word and 
the preceding and the succeeding tapping. If there is the 
risk of an overlap in the leading or lagging direction, 
then code words having the smallest or largest period 
durations are interposed. Such code words are illustrated 
in Figures 29a and 29b. This can be circumvented by line 
storage . 

In Figure 19, a code element has 6 different 
steps and the code word has 2 positions; consequently, 6 
to the power of 2 combinations are possible, that is to 
say 3 6 combinations. Five bits are obtained with 32 
combinations. In Figure 21b, a code element can likewise 
assume 6 steps, with the result that, given 5 positions, 
6 to the power of 5 = 5184 combinations are possible, 
that is to say at least 12 bits. 4096 combinations are 
obtained with 12 bits. 

In Figure 22, the PAM for the audio is 
generated in the TSO element and applied to 6c in each 
case, e.g. in a half -line by half -line manner. The 
terminals 6c and 6d are not necessary if the audio and 
the other signals. are placed in the blanking interval, so 
that the concentrator Kl then performs these tasks. 

The way in which e.g. the code division 
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multiplex can also be applied to television shall be 
shown with the aid of Figures 21, 22 and 23. The 
transmission frequency can, of course, be significantly- 
reduced if more amplitudes and/or phase steps are 
provided. In addition, it is also possible to effect a 
combination with different carriers, as envisaged e.g. in 
the patent application P 32 29 139.6 Figure 9, or with 
different current paths. Thus, e.g. in Figure 28, a 
64 -kbit voice channel can be transmitted at 8 kHz, to be 
precise with a binary code. Two positions are each marked 
by the 2 half -cycles of an 8 kHz alternating current, and 
2 further positions by the 2 half-cycles of an 
alternating current which is phase-shifted by 90 degrees. 
These 2 alternating currents are summed and transmitted 
as one alternating current via one current path. The same 
is carried out via a 2nd current path, so that the code 
word has 8 positions and 2 steps, with the result that 
256 combinations are obtained. At the receiving end, 
decoding is performed after the evaluation of the half- 
cycles and, of course, buffer-storage. The coding can 
also be effected in a duobinary fashion. 

A further method of transmitting, in a 
frequency-modulated manner, in particular analog signals 
such as voice, sounds, the luminance signal in 
television, the colour signals in television, telecontrol 
values, to be precise with less bandwidth, consists in 
converting the magnitude of the PAM pulses into PDM pulse 
lengths with the aid of pulse duration modulation PDM. 
These PDM pulses can then be converted into alternating 
current pulses, e.g. according to the method of Figure 7. 
The pulses are then formed by the half-cycles or periods 
of an alternating current, the period durations or half- 
period durations, of the half-cycles or periods being 
equal to the length of the PDM pulses. 

The spectrum of the frequency-modulated 
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oscillation used hitherto contains a large number of side 
oscillations above and below the carrier, which means 
that a very wide band is necessary in the case of 
transmission. In this case, the required bandwidth is 
greater than twice the frequency swing. In the case of 
the circuit according to the invention, predominantly 
digital switching means can be used, thereby enabling 
inexpensive production. 

The method will now be explained in more detail 
below with reference to drawings . Firstly, known circuits 
will once again be explained, these being necessary inter 
alia in the context of generation (European patent 
application 0 284 019). Two exemplary embodiments of the 
invention are described below. Firstly, the principles 
15 behind the two embodiments are summarized. The 
information is in the first place subjected to pulse 
amplitude modulation and subsequently converted into 
pulse durations with the aid of the equidistance method, 
or else the information, is directly coded into pulse 
durations with the aid of the sawtooth method. These 
pulse durations are then converted, in conjunction with 
the intervals between the pulse durations, into square- 
wave pulses and subsequently into sinusoidal coding 
alternating currents with the aid of filters. The pulse 
durations and intervals are converted with the aid of 
counting elements in conjunction with electronic 
switches. The pulse duration then corresponds to the 
duration of a half-period or period of the coding 
alternating current. If the pulse duration is short, the 
frequency of the half-cycle or period in the coding 
alternating current is high; if the pulse duration is 
long, then the frequency of the half -cycle or period in 
the coding alternating current is small. At the receiving 
end, the half-period or period durations are evaluated, 
35' for example by measurement. In this case, therefore, 
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frequency and phase modulation is simultaneously present. 

In the case of the 2nd embodiment, the pulse 
duration pulse, PD1, PD2 in Figure 32, and the interval 
between the pulse durations (Figure 32, P) - the pulse 
duration and the interval each correspond e.g. to the 
interval between 2 tappings, designated by tp in 
Figure 3 0a - are fed to an electronic relay in which 
bipolar square-wave pulses are then generated. The 
frequency-modulated coding alternating current is then 
generated with the aid of filters. 

Figure 7 illustrates how the time of a pulse is 
determined with the aid of a counting element Z in 
conjunction with the frequency of the stepping or 
measurement pulses generated in the oscillator Osc. The 
respective output of the counting element then marks the 
time. This is then provided in conjunction with gates for 
the control of an electronic relay ER. The latter then 
generates bipolar square-wave pulses. 

The detailed functioning is as follows. The 
stepping or measurement pulses for the counting element 
Z are generated in the oscillator Osc. The said pulses 
pass via the gate Gl to the counting element Z as long as 
the beginning characteristic identifier is present at B. 
In the example, only the outputs Zl and Z2 of the 
counting element are required. These outputs are 
connected to the gates G2 and G3 . If the half -period of 
the square-wave pulse J is intended to have the magnitude 
of the sum of the measurement pulses up to Zl, h 
potential is applied to g3 from the coder Cod, with the 
result that a potential changeover takes place at the 
output of G3 when the output Zl is reached, which 
potential changeover causes the electronic relay ER to 
end the square-wave pulse. If this was a positive pulse, 
then the next pulse will be negative. The counting 
element is then switched back again in this position. The 
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gate G4 is provided for this purpose at the output z2 . 
From the coder, the oscillator frequency can also be 
increased or decreased via fA, with the result that, by 
way of example, different times could be marked by the 
respective outputs. A connection A also passes from the 
coder Cod to ER, and can be used to control different 
pulse magnitudes J. 

The square-wave pulses are passed onto the line 
as a sinusoidal coding alternating current via a low-pass 
filter Tp, the transformer U and the filter Fi. The half- 
period or period of the coding alternating current is the 
same as that of the square-wave pulse. The principle 
behind the conversion of the square-wave pulses into a 
sinusoidal alternating current is illustrated in 
Figure 3. If, by way of example, square-wave pulses at 
the frequency 1 MHz are band-limited by a low-pass filter 
of 5.5 MHz, then rather steep edges are still obtained, 
as is illustrated in Figure 3c. A low-pass filter of 
3.5 MHz was inserted in Figure 3b; it can be seen that, 
the edge steepness has already diminished to a noticeable 
extent in this case. In Figure 3a, a low-pass filter of 
1.5 MHz is connected in, and a sine-like alternating 
current is obtained at the receiver in this case. The 
period durations are identical to those of the square- 
wave pulses, that is to say that the period durations can 
be taken as a measure of the frequencies and/or phases. 
This principle was used in Figure 7 in the conversion of 
the square-wave pulses J into a coding alternating 
current with the aid of the low-pass filter TP. 

Figure 4 depicts square-wave pulses having 
different period durations, to be precise expressed by 
the frequencies f, fl and f 2 . These square-wave pulses 
have mutually different phase shifts and/or different 
frequencies. It can be seen from this that phase jumps 
and/or frequency jumps can be caused by changing the 
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period durations, so that frequency modulation is also 
obtained by this means. In Figure 5, such a phase and/or 
frequency jump is effected in a step-by-step manner. What 
is achieved as a result of this is that the bandwidth 
becomes small. As revealed by Figure 6, given phase jumps 
of 5 degrees per 180 degrees, a total phase shift of 
40 degrees is obtained in the case of 4 phase jump steps. 

Figure 30a illustrates PAM-coded pulses of a 
signal Inf. These pulses are converted into pulse 
duration pulses with the aid of an equidistant method, as 
is shown in Figure 30b. The distance between the PAM 
pulses (Figure 30a, tp) corresponds in each case to a 
pulse duration PD and. an interval P, as illustrated in 
Figure 30b. Pulse duration modulation can also be carried 
15 out with the aid of the sawtooth method. This method is 
illustrated in Figures 31 and 32. The pulse durations are 
square-wave pulses PD1, PD2 . Symmetrical PDM and bipolar 
PDM are also known (also see the book 
"Modulationsverfahren" [Modulation methods] by Stadler 
20 1983). 

Figure 35 illustrates an exemplary embodiment 
in accordance with the invention. In the pulse duration 
modulator PDM, the pulses are generated, e.g. according 
to Figure 3 0b or 32, and are passed via G5 to the gate 
2 5* Gl. The measurement pulses Jm, e.g. at a frequency of 
100 kHz, are present at the other input of the gate Gl . 
As long as a PD pulse is present at Gl, the measurement 
pulses Jm are activated at the output. The measurement 
pulses pass via the potential reversal gate G2 to the 
30 counting element Z, which is controlled by these pulses. 
The number of outputs at the counting element corresponds 
e.g. to the distance between two PAM pulses, tp in 
Figure 3 0a. Suppose that the tapping frequency is 10 kHz; 
the counting element would then have 100 000 outputs. The 
35' frequency swing is determined by the largest and smallest 
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amplitude values of the information item Inf, designated 
by gw and Jew in Figure 30a. The outputs of the counting 
element Z lead to gates G3 and the outputs of the gates 
lead to gates G4 . The respective PD pulse is present in 
i each case at the other input of the gate G4, which pulse, 
inhibits the gate G4 Only when the PD pulse is no longer 
there can the output potential also be activated at G4 
via G3. ER then receives via G4 a potential changeover 
characteristic identifier for the next square-wave pulse. 
The beginning of the square-wave pulse is marked by the 
respective PD pulse. The next square-wave pulse is 
determined by the interval P (Figure 30b, P) . From ER, a 
potential is applied to gate 5 via P, in order that the 
measurement pulses Jm become transmissive again at the 
gate Gl. The counting element 2 is then switched up to 
the output for gate G6. When the next PD pulse arrives 
again, G6 is activated and the counting element . is 
switched back- to the starting position via R. At the 
output of ER there are then square-wave pulses RJ having 
the magnitude of the half -periods like that of the PD 
pulses and of the intervals P. m the filter Fi, the 
square-wave pulses become sinusoidal half-cycles fmo, and 
so the information is frequency-modulated. The half- 
periods of the useful signal modulation frequencies then 
vary between the half-period durations identified by kw 
and gw at the counting element. In Figure 33, by way of 
example, kw = 15 kHz, the centre frequency is 10 kHz, 
and, in Figure 34, grw = 75 kHz. In the example, the pulse 
durations may change by half; this is a dimensioning 
matter of the pulse duration modulation circuits. The 
half-cycles of the intervals have a minimum frequency of 
7.5 kHz in Figure 33 and a maximum frequency of 15 kHz in 
Figure 34. The amplitudes of the half-cycles always 
remain the same. The evaluation at the receiving end is 
effected by measuring the half -period durations. 
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Synchronization is not necessary since the zero crossings 
of a period simultaneously code the tappings in the case 
of coding with the aid of PAM; therefore, only the 
positive half -cycles need be converted into PAM pulses. 
The PAM pulses are then lagging by a period at the 
receiving end. 

The redundancy of the intervals in Figure 35 
can be avoided if, by way of example, the PAM pulses are 
stored and the next PAM pulse is called up after each PD 
coding. However, synchronization is then necessary at the 
receiver. If PAM were used at the transmitting end, the 
tapping frequency would have to be synchronized from time 
to time. Figure 3 6 illustrates the basic circuit of such 
a circuit at the transmitting end. The PAM pulses are 
stored in the memory Sp. The call-up of the next pulse 
arrives from ER via AR. In preparation, the next pulse 
had already been stored as PDM pulse in the memory Spl . 
As a result, the counting element Z is then controlled by 
means of the control element St and set to a 
corresponding output. The counting element has also been 
returned to the starting position by ER via R. The 
control pulses Jm are also present at the control 
element. With the call-up of the PDM pulse, a PAM pulse 
is also passed from the memory Sp to the pulse duration 
modulator and is stored in the latter as a PDM pulse 
until the Spl memory is free again. Two Spl memories will 
expediently be provided and will then be connected to the 
control unit alternately after each call-up by ER. At the 
end of the PDM pulse, an end-of-criterion is passed to ER 
via the counting element Z, Gl, G2 . The square-wave pulse 
PD generated by ER is inverted to the next one, the 
counting element is switched back via R and, via AR, the 
call-up of the next [lacuna] 

Figure 39 illustrates 4 channels with half- 
cycle coding with the characteristic states of large and 
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small amplitude values . The frequency is the same for all 
4 channels. These 4 channels are provided for coding the 
colour television signals. Eight bits are provided for 
the Y signal (luminance signal), to be precise in each 
case 4 bits for the channels a and b; in each case 2 bits 
in the channels a and b are provided for audio and other 
signals T + S. The channel c is present for the coding of 
the red signal and the channel d is present for the 
coding of the blue signal, with 6 bits in each case. In 
each case 2 channels are then combined in accordance with 
Figure 11 vector I, (kl, k2) with the instances of coding 
I, (II), IV, (III), thereby resulting in an aggregate 
alternating current in accordance with Figure 9. The 
phase angle of the two aggregate alternating currents is 
then fixed at 0 degrees and 90 degrees. These 2 aggregate 
alternating currents can then be transmitted on the basis 
of quadrature amplitude modulation, with. the result that 
a narrow band is required for transmitting all the colour 
television and other signals. Transmitted as dual QAM, 
that is to say channel a + b quadrature-amplitude- 
modulated and channels c + d quadrature -amplitude- 
modulated, where the channels have phase angles of 0°, 
90°, 90° and 180° with respect to one another and their 
aggregate alternating currents have phase angles of 45° 
and 135°, and where the two aggregate alternating 
currents are again subjected to quadrature amplitude 
modulation, the evaluation is more difficult, as is also 
evident from Figure 11 (the vectors I, II and II are 
produced in the case of single QAM) . 

The 4 channels or their binary values can also 
be transmitted in code division multiplex. The binary 
values of the 4 channels are illustrated once again in 
Figure 40. In accordance with Figure 41, in each case 2 
rows of Figure 40 are intended to be combined into 8 ' 
bits, in Figure 39, suppose that the frequency of the 
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alternating currents is 6 MHz; 18 MHz are then required 
for the coding. If, in Figure 41, use is made of 
duobinary coding in accordance with Figure 62 with the 
half -cycles as code elements, then although there would 
5 be a slight gain in bandwidth relative to Figure 39, the 
frequency would be 3 times as high. If the rows 1, 2, 3 
and 4, 5, 6 are combined, that is to say 12 bits in each 
case, in this duobinary code, then a code word having 3 
steps and 8 positions is necessary for one row 1, 2, 3. 

10 Eight positions mean 4 periods. A frequency of 2x24 MHz 
would thus be necessary, that is to say also too high for 
this purpose. Figure 45 illustrates a code element having 
4 steps. With 4 steps, this results in 256 possibilities. 
Coding according to Figure 41 would result in a frequency 

15 reduction to 3 6 MHz. Figure 63 illustrates a code element 
having 6 steps. In order to serially code 3 rows of 
Figure 40, that is to say 12 bits, 5 positions would be 
necessary here. 30 MHz would thus still be necessary. In 
addition to the 3 amplitude steps, 2 phase steps or 

20 period durations are also provided. Figure 46 illustrates 
3 amplitudes and 3 phase steps. If 2 rows each of 12 bits 
are formed from the arrangement of Figure 40, 3 positions 
are necessary for each row, that is to say 6 positions 
for both rows, in other words a frequency of 18 MHz is 

25 necessary. 

The colour television signals are arranged 
differently in Figure 43. Eight bits for a Y tapping 
(luminance, pixel B) are serial each with 4 bits, and the 
colours red or blue are serial each with 3 bits in the 

3 0 rows III + IV. The respective 4th bit in rows 3 and 4 is 
provided for audio and other purposes. The colour red or 
blue respectively appears with every 2nd Y signal, that 
is to say these continually alternate. If the vertical 
rows 1/2 and 3/4, as illustrated in Figure 44, are 

3 5' combined, then more favourable conditions result in the 
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event of coding. With 4 steps, 3 positions are necessary; 
a frequency of 18 MHz is then necessary. If the rows 1/2 
and 3/4 are arranged in parallel, that is to say 16 bits, 
then 4 positions, that is to say a frequency of 12 mHz, 
are necessary in the event of coding according to 
Figure 46. The dual QAM of Figure 39 can be transmitted 
in a frequency-modulated manner in order to provide even 
more reliability during transmission. The aggregate 
alternating current has only small frequency changes, 
with the result that, as revealed by Figure 64, the 
frequency-modulated oscillation can indeed be transmitted 
in a narrowband fashion. This figure reveals that the 
half-period duration T/2 becomes very short in the event 
of a frequency increase, in other words that the 
frequency greatly increases. With a modulation frequency 
Mf and an amplitude u, the half -period duration is T/2; 
with a doubled amplitude 2u, the half -period duration is 
shorter, while with the frequency doubled in addition, 
frequency M2f , the half-period duration is substantially 
reduced. 

Figure 47 illustrates an overview of a 
television transmitter in which the codes explained in • 
Figures 40, 41, 43 and 44 are used. From the multiplexer 
(not illustrated) the analog signals that have been 
tapped off arrive and pass into the analog memory ASp, 
from where the samples taken are forwarded to one or more 
analog/digital converters. The digitized signals are then 
stored in the digital memory DSp and subsequently fed to 
the ordering unit. In the latter, they are ordered in 
accordance with Figure 40, 41, 43 or 44. Having been 
ordered in this way, they are fed to the coder. They are 
coded in accordance with the predetermined code, e.g. 
according to Figure 45 or 46 or 62 or 63, and fed to the 
modulator MO. The transmission alternating current is fed 
to the modulator from the oscillator and the modulated 
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transmission alternating current is passed via amplifier 
stages (not illustrated) and the output amplifier to the 
antenna. An overview of the receiver for evaluating the 
coded signals is illustrated in Figure 48. A transmission 
alternating current arrives via the reception antenna E 
and passes into the stages tuning circuit /amplifier, 
mixing stage/oscillator Mi/Osc, via the intermediate 
frequency amplifier ZF to the demodulation stage - the 
input is connected like a superheterodyne receiver in the 
case of broadcasting reception -; the code alternating 
current is present at the output of the demodulator. The 
said current is connected into the decoder. The signals 
tapped off in the transmission multiplexer are obtained 
again here, such as the Y, r-y, b-y, audio and other 
signals S, and fed to the various circuits. 

Figures 50 and 51 illustrate instances of 
analog coding of the colour television signals. An 
alternating current of the same frequency as the code 
alternating current is provided in Figure 50 . The 
amplitudes of the half-cycles are the code elements. The 
tapping sequence is y, r, y, bl, y, T + S, etc. These 
analog-coded signals are transmitted on the basis of 
frequency modulation, with the result that a narrowband - 
only one frequency Figure 64 - and also transmission 
reliability are obtained. 

An analog code is likewise provided in 
Figure 51. It is phase coding. The analog code is 
manifested by half-period durations of different lengths. 
In this case, the amplitudes of the half -cycles always 
have the same magnitude; it is a kind of frequency and 
phase modulation. The individual signals are arranged 
serially again, in the example y, r, y, bl, y, T + S. The 
transmission is effected at 6 MHz given a tapping 
frequency of the Y_ signal at 6 MHz . If multiplex tapping 
of all the signals is effected, that is to say including 
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the r, bl and T + S signals, then a tapping frequency of 
12 MHz is necessary. 

Coding in accordance with Figure 51 is provided 
in Figure 52, except that the audio and other signals T + 
5 S are coded by a superposed amplitude code. It is a 
binary code with a large and a small amplitude. The 
values of the Y and r + bl signals are defined by the 
half -period durations. In synchronism with the PDM pulse, 
the respective amplitude value- is then passed e.g. to the 
' ER relay of Fi 9 ure 3 6, in which a square-wave pulse with 
a small or large voltage is then generated. The amplitude 
code elements may, for example, be assigned to a 
plurality of channels, such as audio stereo, etc. m 
Figure 55, the 4 half -cycle code elements are assigned to 
4 different channels. 

An evaluation of the PDM, PPM or PFM pulses 
with the half-period durations coded is evident from 
Figure 59. This is again effected with the aid of a 
sawtooth voltage. At the beginning of a half-cycle, that 
is to say at the zero crossing, the generator of the 
sawtooth voltage is switched on; after the half-cycle at 
the next zero crossing, the sawtooth voltage is 
momentarily connected to a capacitor, e.g. by means of a 
field-effect transistor, and stored in the said 
capacitor. The half -period duration T/2 is then identical 
to the voltage value T/2 or analogous to the magnitude of 
the voltage value. The half -period duration of 1 
corresponds to the voltage value ul, that of 2 to that of 
u2, etc. If pulse amplitude modulation of speech at 8 kHz 
was effected at the transmitting end, then at the 
receiving end the voltage ul, u2, u3 must in each case be 
tapped off at the same frequency and converted into the 
speech alternating current. In the event of time division 
multiplex tapping of a plurality of channels, the stored 
values ul, u2, u3 , . . . must be distributed again with the 
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same frequency of the time division multiplex tapping. 
The original information can be produced e.g. by the 
evaluated code ul, u2,... being formed in a staircase 
fashion after the channel allocation and this staircase 
signal being passed, via a low-pass filter. Such 
conversions are known and will not, therefore, be 
discussed in any more detail. 

In the same way as the PDM pulses in Figure 59, 
PPM pulses can also be decoded. This is illustrated in 
Figure 60. The distance T2 between the pulses is 
converted into PAM pulses again by the sawtooth method 
and stored. The distance T2 then corresponds to the 
voltage ul, etc. 

In the case of the transmission of television 
signals according to the principle of Figures 36 and 38, 
the evaluated signals must be distributed synchronously 
at the receiving end. Synchronizing pulses have to be 
transmitted in the blanking interval in order that, in 
accordance with the sampling frequency at the 
transmitting end, the distribution frequency can be 
defined at the receiving end. The sum of the longest 
half-period durations that occur per line must not exceed 
the time of 54 us . This is the time provided for a line 
in the case of a 4:3 picture format. Consequently, the 
half -period durations must be concomitantly measured in 
the transmitter. Under certain circumstances, a filling 
code e.g. comprising the minimum or maximum -period 
durations in a specific sequence must additionally be 
inserted into the line code. It is also possible, of 
course, to provide other filling codes. Moreover, the 
blanking interval can additionally be provided as the 
filling code as well. Figure 61 illustrates the minimum 
and maximum half -period durations k and g. Such durations 
can be transmitted e.g. alternately. Based on this, it is 
also possible to combine a plurality of channels via one 
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transmission path. Figure 56 illustrates one such 
example. The multiplexer Mu combines the channels 1 to n 
in pulse amplitude terms, this actually being known. 
These PAM samples are stored in the memory Sp, called up 
by the PDM and, as already described, fed to the counting 
element via a control unit St, to which the control 
pulses Jm are connected. The remaining switching 
operations are the same as those described e.g. in 
Figure 36. After the pulse duration modulator PDM, the 
pulses can also be subjected to further processing 
directly in accordance with Figure 38. At the receiving 
end, of course, synchronization and distribution must be 
effected in accordance with the tapping frequency of the 
multiplexer. 

Figure 57 demonstrates another possibility for 
multiple utilization of a current path. In order to be 
able to separate the code alternating currents in 
frequency terms, control pulses are used which are such 
that the frequency ranges of the code alternating 
currents are spaced apart such that entirely satisfactory 
evaluation is possible, e.g. separation at the receiving 
location by means of filters. In Figure 57, Zl is one 
converter with the control pulses Jml and Z2 is the other 
converter or counting element with the control pulses 
Jm2. Figure 58 illustrates the frequency of the two 
channels. T/2I and T/2II are the smallest frequencies of 
the two channels. As a result of the angular swing f 2 , 
the frequency range of the channel T/2I is approximated 
more closely. In the example, a distance of Ab is also 
present. This can be chosen such that cost-effective 
filters can be used. 

A few codes which can be used to code and 
transmit data, television signals in the example, with a 
frequency are also explained below. Figure 53 illustrates 
a binary code in which the amplitudes of half-cycles with 
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the characteristic states of large and small amplitude 
values are provided as code elements. One bit can then be 
coded with one half-cycle. Eight bits are provided for 
the Y signal, in each case 6 bits are provided for the 
red and blue signals, and. 2 bits are provided for the 
audio (digitized) and other signals. Red and blue are 
coded alternately, as illustrated e.g. in Figure 51. In 
the case of 6 Meg tappings for the Y signal, a coding 
alternating current at 48 MHz would be necessary in this 
case. Duobinary coding is provided for this purpose in 
Figure 54. The coding alternating current then has a 
frequency of 27 MHz. These coding alternating currents 
can again be transmitted in a frequency-modulated manner ; 
in this case, the frequency band does not become too wide 
either, as revealed by Figure 64. The transmission 
reliability becomes even greater in this case. Figure 66 
depicts a possible way of digitally transmitting a 
message in a narrowband manner without modulators. Each 
code element is assigned a multiplicity of periods of an 
alternating current at a frequency which are determined 
by the time Og, that is to say a predetermined number of 
periods. It is assumed that binary coding is effected. 
Upon each state change, that is to say 1 to 0 or 0 to 1, 
the transition takes place continuously designated by U 
in Figure 66. The amplitudes for the zeros have the 
magnitude Ak and those for the Is Ag. If identical values 
occur one after the other, then the amplitude magnitude 
is not changed; in the case of 5 identical values, a 
number of periods of Og with the same amplitude would be 
obtained 5 times. The transition to another 
characteristic state is classed e.g. as the following 
characteristic state, that is to say e.g. U + O = Og. 
Figure 65 depicts how the television signals can be 
digitally arranged serially. 

In Figures 53, 54 and 66, the frequency bands 
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for the transmission of the television signals are very 
narrow. Under certain circumstances, channels could be 
accommodated between the individual television channels . 
The carrier BTz is provided for this purpose in 
Figure 42 . In the case of the coding according to 
Figure 66, the carrier is simultaneously the modulation 
signal. In the case of the modulation of the composite 
video signal with the intermediate frequency carrier 
38.9 MHz, in addition to the filter for the generation of 
the vestigial sidebands, a tuned circuit or series 
resonant circuit is brought to a frequency such that a 
curve RR as illustrated in Figure 42 is produced. Such a 
series resonant circuit is easy to realize. The Nyquist 
slope should hardly be influenced by this measure. 
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Claims 

1. Method for the digital and/or analog coding of 

information of one, two or more channels and/or frequency 
or bandwidth reduction and/or enhancement of the 
transmission reliability, characterized in that the 
transmission of information of one, two or a multiplicity 
of channels is effected with less bandwidth than is made 
up by the individual channel or the sum of the bandwidths 
of two or a multiplicity of channels, by the 
synchronously or quasi-synchronously arranged code 
elements of the channels to be transmitted being ordered 
in parallel (Figure 20, SI, S2,..) and thus being 
combined together to form a code word, and/or in that the 
digital or analog information items to be coded, if 
appropriate with the interposition of intermediate stages 
(e.g. PAM), are converted into PDM pulses, in that, 
furthermore, means are provided which convert the values 
of the PDM pulses into the half-period or period 
durations of half-cycles or periods of a sinusoidal or 
sine-like alternating current (Figure 35, ER, Figure 36, 
ER, Figure 38, ER) . 

2. Method for generating a frequency modulation, 

characterized in that means are provided which convert an 
information item or a signal (Figure 30a, Inf) into pulse 
durations (Figure 30b, 32), in that, furthermore, 
switching means for measuring the pulse durations, in 
particular counting switching means (Figure 35, Z) , are 
provided, which simultaneously perform marking of the 
pulse durations (e.g. Figure 35, Z, A); in this case, the 
marking circuits are connected in conjunction with pulse 
duration pulses via gates to an electronic switching 
means (Figure 35, ER) in such a way that the start and 
the end of the respective pulse duration pulse code a 
periodic signal, in particular square-wave pulse; 
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furthermore, filter means are provided which are such 
that only sine-like or sinusoidal alternating currents 
and/or harmonics thereof reach the line (Figure 35, fmo) . 
3- Method for generating a frequency modulation, 

characterized in that means are provided which convert an 
information item or a signal into pulse durations, and in 
that, furthermore, switching means are provided which 
convert the duration pulses into an uninterrupted 
sequence (Pd, Pd, Pd, . . ) or which convert the pulse 
duration pulses and the associated intervals (Figure 32, 
PD1, P, PD2) into, in particular, square-wave pulses 
(Figures 36, 38), and in that filter means are 
subsequently provided which are such that they convert 
these into sinusoidal or sine-like half-cycles or periods 
15 to form a coding alternating current. 

4. Method according to Claims 1 to 3, characterized 

in that the pulse duration pulses and intervals or, in 
the case of storage, pulse duration pulses in an 
uninterrupted sequence control electronic switching means 
20 directly (ER, Figures 36, 38) in such a way that the 
respective pulse duration or pulse duration interval is 
converted into a period duration or half-period duration 
of unipolar or bipolar square-wave pulses, and in that 
filter means are provided which turn the square-wave 
25 pulses into sine-like half-cycles or periods in an 
uninterrupted sequence of positive and negative half- 
cycles . 

5. Method for evaluating distances e.g. between 

pulses or half -period or period durations, characterized 

30 in that, at the start of the distance marking (Figure 60, 
1) or at the zero crossing of the half -period, means for 
generating a sawtooth voltage are started, and in that, 
at the end of the distance marking or at the 2nd zero 
crossing of the half -period (Figure 59), means are 

35 • connected to the sawtooth voltage which form measurements 
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thereof or in that means are provided (FET) which store 
this voltage in a capacitor, in particular. 

6. Method according to Claims 1 to 5, characterized 
in that multiple utilization of current paths is effected 
by a plurality of information channels being combined in 
time division multiplex (Figure 56) or by the control 
pulses for the counting elements obtaining (Figure 57, 
Jml, Jm2) a frequency such that their coding alternating 
currents are not imparted any overlap during the 
transmission via a current path. 

7. Method according to Claim 1, characterized in 
that, for the coding, a multi-step amplitude code 
(binary, duobinary, etc.) and/or a phase code or multi- 
step phase code and/or an analog amplitude and/ or phase 
code is provided, which is provided in particular for the 
multiple utilization or reduction of the frequency in the 
case of telex (Figures 18, 19, 20), in the case of 
television (Figure 21), in the case of teletext, data 
transmission (Figure 24) and in the case of digital voice 
transmission (Figure 28) . 

8. Method for colour television, characterized in 
that, at the transmitting end, all of the signals are 
combined in code division multiplex, where the colour, 
audio and other signals can be assigned as required to a 
plurality of Y signals in code division multiplex, and in 
that the receiving end is designed like a superheterodyne 
receiver, the decoder being arranged downstream of the 
demodulator (Figure 23, DM), and the decoded signals 
being distributed in a correctly timed manner by means of 
the said decoder. 

9 . Method for the coding of the colour television 
signals, characterized in that the y signal, red signal 
y signal, blue signal, Y signal, audio + other signals 
are tapped off serially in an uninterrupted sequence, in 
that the PAM values are transferred to the half -period or 
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period duration of half-cycles or periods of an 
alternating current, to be precise in the event of 
amplitude identity, or in that only the sequence Y, r, Y, 
bl is provided and the audio and other signals are coded 
by a binary or duobinaryf requency amplitude code (Figure 
55) by each half -cycle or period being assigned an 
amplitude value which corresponds to the code, in which 
case the 4 amplitude values (Figure 52) can be assigned 
to different channels in code division multiplex. 
10. Method for the coding of the colour television 

signals, characterized in that the television signals are 
only coded with a frequency (Figures 53, 54, 66) by the 
serially arranged code elements formed by the amplitudes 
of the half-cycles or periods with the characteristic 
values of large or small amplitude value or small, medium 
and large amplitude value being provided for all of the 
signals, or in that the code is formed from a 
multiplicity of periods with 2 or 3 characteristic 
quantities and a continuous transition between the 
quantities (Figure 66, U) , this code being provided, as 
required, for accommodating a channel in the gap between 
the conventional channels (Figure 42) . 

11. Method according to Claims 1, 7, 9 and 10, 
characterized in that the evaluation at the receiving end 
is effected as far as the decoder as in the case of a 
superheterodyne receiver. 

12. Method according to Claims 1, 7, 8 to 11, 
characterized in that the television signals are 
transmitted on the basis of dual QAM, where the y signal 
is distributed between 2 channels each with 4 bits and 
these channels are additionally assigned in each case 2 
bits for audio and other purposes, the code elements are 
the half-cycles . of an alternating current with the 
characteristic states of large and small or large, medium 
and small amplitude values, and the transmission is 



effected, as required, on the basis of frequency 
modulation. 
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No. 64-5135 

SPECIFICATION 

1. Title of the Invention 

Digital transmission system 

2. What is claimed is: 

1. A digital transmission system comprising an 
analog-to-digital converting circuit for converting the signal 
to be transmitted into a digital code of a desired number of 
bits, code converting means for taking out a specified number 
of upper bits of said digital code as a multilevel signal of 
a relatively small degree of multilevel, and taking out the 
remaining bits of said digital code as a multilevel signal of 
a relatively large degree of multilevel, quadrature amplitude 
modulating means for amplitude-modulating and synthesizing 
carriers of two axes orthogonal by the multilevel signal of 
relatively small degree of multilevel and the multilevel signal 
of relatively large degree of multilevel, and means for 
transmitting the output of said quadrature amplitude modulating 
means toward a transmission path. 

2. A digital transmission system according to claim 1, 
wherein error detection correction codes are added to the 
specified number of upper bits of said digital code and the 
remaining lower bits, and then they are applied to said code 
converting means. 

3. A digital transmission system according to claim 1, 




further comprising means for receiving a signal from said 
transmission path, means for demodulating the received 
guadrature amplitude modulation digital signal about two axes, 
code inverse converting means for taking out the demodulated 
multilevel signal of relatively small degree of multilevel and 
multilevel signal of relatively large degree of multilevel as 
2-level digital codes, and a digital/analog converting circuit 
for converting said 2-level digital codes into analog signals. 

4. A digital transmission system according to claim 3, 
wherein a digital signal processing circuit for detecting and 
correcting the error aid 2-level digital codes occurring during 
transmission is provided before said digital/analog converting 
circuit. 

3. Detailed Description of the Invention 

The present invention relates to a digital transmission 
system, and more particularly to a transmission system suitable 
for transmitting digitized voice at high quality. 
[Prior Art] 

At the present, as exclusive audio broadcast, AM broadcast 
using medium wave band and FM broadcast using very high 
frequency band are available. On the other hand, as the compact 
disc players are distributed widely and digital audio tape 
recorders are put in practical use today, there is a strong 
demand for digital broadcast in the field of exclusive audio 
broadcast. 

In this era, the sound broadcasting system by digital 




coding has been reported, for example, in "Satellite Broadcast 
Receiver" in Part 1 of Satellite Broadcast Receiving Technology 
Investigation Group of Radio Engineering Society, published 
June 1983, but since reception of satellite broadcast requires 
a parabolic antenna of about 1 m in diameter, a handy digital 
audio broadcasting system such as FM broadcast using very high 
frequency band is requested. 

As disclosed in "Satellite Broadcast Receiver", in digital 
audio, deterioration of transmission signal CN ratio and other 
transmission error are corrected by using error detection 
correction code transmitted in superposition, and errors not 
corrected yet are treated by average interpolation from the 
preceding and succeeding audio sample values, or the preceding 
audio sample is held as the previous value. Further, if there 
are more errors during transmission, it is known to cut off the 
audio signal output. 

[Problems that the Invention Is to Solve] 

In the prior art, since no consideration is given to 
distribution of transmission information into upper bits and 
lower bits after digital coding, if the CN of the transmission 
path becomes small and the error rate of the transmission 
digital code increases, unusual sound is "generated or 
reproduction sound is cut off, and the content of transmission 
information could not be understood. 

The invention is devised to solve the above problems in 
the quadrature amplitude modulation digital transmission 
system for amplitude-modulating two orthogonal carriers by two 




sets of digital codes. That is, the present inventors promoted 
studies about these problems, and discovered that occurrence 
of error rate due to lowering of transmission CN ratio is higher 
as the degree of multilevel is larger, and that the relatively 
important bits, that is, upper bits must be lowered in 
occurrence of error rate as compared with relatively less 
important bits, that is, lower bits, and attempted to solve the 
problems . 

It is hence an object of the invention, in the quadrature 
amplitude modulation digital transmission system, to reproduce 
the information in high quality state if the transmission CN 
ratio is large and the error rate of transmission digital code 
is low, and to minimize occurrence of error in the digital code 
portion having a serious effect on reproduction information if 
the transmission CN ratio is lowered and the error rate of 
transmission digital code is entirely increased, thereby 
reproducing at such an extent as to understand the content of 
the transmission information. 
[Means for Solving the Problems] 

To achieve the object, in the quadrature amplitude 
modulation digital transmission system of the invention, 
carriers of two orthogonal axes are different in the degree of 
multilevel of multilevel signal to be modulated, and higher bits 
of the code converted from analog to digital are assigned to 
the specified number of bits as the multilevel signal of the 
axis of smaller degree of multilevel, while the remaining lower 
bits are assigned as the multilevel signal of the axis of larger 




degree of multilevel. 

[Operation of the Invention] 

When the transmission CN ratio of transmission signal 
becomes smaller, the error rate of the lower bits transmitted 
at larger degree of multilevel is higher, but the error rate 
is lower in the upper bits transmitted at smaller degree of 
multilevel. 

Since the error rate of upper bits is lower, large error 
of amplitude is rare in analog signal, and extremely unusual 
sound is hardly generated, and it is not required to cut off 
reproduction sound, and reproduction sound of such a quality 
as to understand the content of transmission information can 
be obtained. 
[Embodiment] 

As an embodiment of the invention, an example of three-bit 
transmission is explained below, in which the number of 
transmission bits of the quadrature amplitude modulation 
(hereinafter called QAM) is 4 bits, and the Q-axis of 16QAM is 
2-level. Fig. 1 shows an example of a receiving and reproducing 
apparatus of the invention, in which reference numeral 1 is an 
antenna, 2 is a channel selection circuit, 3 is a first 
synchronous detection circuit, 4 is a second synchronous 
detection circuit, 5 is a carrier regenerating circuit, 6 is 
a phase shifter, 7, 8 are LPFs (low pass filters), 9 is a first 
discriminating circuit, 10 is a second discriminating circuit 
(4-level-2-level converting circuit), 12 is a first receiving 
side digital signal processing circuit, 13 is a second receiving 




side digital signal processing circuit, 14 is a digital/analog 
converting circuit (hereinafter called DAC) , and 15 is an audio 
output. Fig. 2 shows an example of a transmitting side 
transmission signal generating apparatus of the invention, in 
which reference numeral 21 is an audio input, 22 is an 
analog-to-digital converting circuit (hereinafter called ADC) , 
23 is a first transmitting side digital signal processing 
circuit, 24 is a second transmitting side digital signal 
processing circuit, 25 is a 2-level-4-level converting circuit, 
26, 27 are LPFs, 28 is a carrier generating circuit, 29 is a 
phase shifter, 30 is a first modulating circuit, 31 is a second 
modulating circuit, 32 is an adder, 33 is an amplifier, and 34 
is an antenna. Fig. 3 shows a code layout example of 
transmission signal of the invention, and Fig. 4 is a bit 
distribution example of transmission signal of the invention. 

The operation is explained first from the receiving side. 

The transmitted wave is received in the antenna 1 in Fig. 
1, and the broadcasting station is selected in the channel 
selection circuit 2. The intermediate frequency signal after 
channel selection is synchronously detected in the quadrature 
relation by the first synchronous detecting circuit 3 and second 
synchronous detecting circuit 4, by the output of the carrier 
regenerating circuit 5 and output of the phase shifter 6, and 
undesired signals are removed by the LPF 7 and 8 . As the output, 
the Q-axis has an eye pattern of 2-level value, and the I-axis 
has one of 4-level value. From the eye patterns, 2-level 
digital codes are obtained by the output of the clock 




regenerating circuit 11 and the first discriminating circuit 
9 and second discriminating circuit 10. Then, in the first 
digital signal processing circuit 12 and second digital signal 
processing circuit 13, detection and correction of error 
occurring during transmission, de-interleaving, and digital 
signal processing for demodulating digital transmission are 
executed, and the code is converted into an analog signal in 
the DAC 14, and an audio output 15 is obtained. 

Referring next to Fig. 2, the transmitting side operation 
is explained. Fig. 2 is a block diagram of an apparatus for 
generating a transmission signal for reproducing in this 
receiving and reproducing apparatus. The analog signal from 
the audio input 21 is converted into a 2-level digital code in 
the ADC 22, codes for detecting and correcting errors occurring 
during transmission are added by the first digital signal 
processing circuit 23 and second digital signal processing 
circuit 24, and interleaving or other process is done to avoid 
burst error. Then, on the I-axis, the 2-level output of the 
second digital processing circuit 24 is applied into the 2- 
level-4-level converting circuit 25 to be converted into a 
4-level value, the undesired band is removed through the LPF 
27, and the output of the carrier generating circuit 28 is 
modulated in the second modulating circuit 31 by using the 
signal shifted in phase by 90 ° through the shaft shifter 29. 
On the other hand, on the Q-axis, the 2-level output of the first 
digital processing circuit 23 is applied to the LPF 26 to remove 
undesired band, and is modulated in the first modulating circuit 




30 by using the output of the carrier generating circuit 28. 
In this embodiment, the degree of multilevel of Q-axis remains 
at 2-level, the 2-level-multilevel converting circuit as on the 
I-axis is omitted. The outputs of the converting circuits 30, 

31 are added in the adder 32, and amplifier in the amplifier 
33, and transmitted as radio wave from the antenna 34. 

Fig. 3 shows the code layout of QAM signal by modulating 
the I-axis by 4-level and Q-axis buy 2-level. The axis of 
abscissas in Fig. 3 is the Q-axis, expressed by 2-level of 0 
and 1, and the I-axis is 4-level of 00, 01, 10, 11, so that 
three-bit data can be simultaneously transmitted in a same time 
slot. This is shown in Fig. 3 in the sequence of (Q, I lf I 2 ) . 
There is a difference of three times between the inter-code 
distance on the Q-axis and the inter-code distance on the I-axis, 
and the transmission signal CN ratio at which the bit error rate 
is the same may be smaller by 10 dB on the Q-axis. In other 
words, in the case of a signal transmitted at a certain CN ratio, 
the error rate is smaller on the Q-axis. 

Further, as shown in Fig. 4, assuming the audio signal to 
be transmitted is quantized at N bits per 1 sample, for example, 
12 bits, the data is supposed to be Di, D 2 , D 3 , Di 2 
sequentially from the highest bit (MSB), and in the higher M 
bits, the error detection and correction code is, for example, 
Ei for three bits Di to D 3 , E 2 for D 4 to D e , and E 3 for D 7 to D 9 . 
In this case, in the time of time slots Ti to T 5 , by distributing 
Di to D 4 and Ei to Q, and D 5 to D 12 , E 2 and E 3 to ly and I 2 , in 
the case of deterioration of CN ratio of transmission signal, 




since the higher bit side is assigned to the Q-axis, the error 
rate is low, while the lower bit side is assigned to the I- 
axis, and the error rate is high. As a result, if the CN ratio 
of transmission signal is extremely poor and the lower bits are 
nearly completely errors, the error rate of the upper bits is 
small, and the audio signal be reproduced to a certain extent. 

The error detection and correction codes Ei to E 3 are 
indicated as parity for 1 sample, but an error detection and 
correction code of several bits may be assigned by collecting 
upper three bits of several samples. 

As described herein, according to the embodiment, if the 
transmission CN ratio is large and the error rate of 
transmission digital code is large, reproduction sound of 12 
bits is obtained, and if the CN ratio is small and poor, the 
error is small in the upper three or four bits, so that the 
reproduction sound is obtained to such an extent as to be 
understood as voice. 

In the case of three-bit transmission, the required 
transmission band width is calculated. Supposing the number 
of quantized bits to be 12 bits, the sampling frequency to be 
32 kHz, the sound channels to be two (stereo), and the error 
correction code superposition to be 30%, 

12 bits X 32K / S X 2ch X 1.3 - 998.4 kbps 
and 998.4 kbps (kbits/sec) is obtained, and by simultaneous 
three-bit transmission, it is 332.8 kbps, which can be 
transmitted in a band width of 332.8 kHz. This band width is 
similar to that of the existing FM broadcast, and it can be 




transmitted in the very high frequency band. 

On the other hand, the carrier regenerating circuit 5 is 
important for obtaining the regenerative orthogonal axes, and 
on the basis of only the 4-level case of data (0, 0, 0), (0, 
1, 1), (1, 0, 0),and (1, 1, 1), a method of negative feedback 
so that the amplitude may be equal on the I-axis and Q-axis may 
be considered. This circuit is, in the case of 16QAM, explained 
in the reference carrier regenerating circuit shown in pp. 
134-135 of "Digital Microwave Communications", published by 
Project Center, May, 1984. 

The audio signal is explained so far, but same effects are 
obtained in video signal and other data in which upper bits 
present important information. 

Herein, four bits of 16QAM are transmitted in three bits 
in eight states, but same effects are obtained in other QAM such 
as transmission of six bits of 64 QAM in five bits in 32 states 
by 8-level on the I-axis and 4-level on the Q-axis. In this 
case, the transmitting side requires 2-level-8-level 
converting circuit on the I-axis and 2-level-4-level converting 
circuit on the Q-axis. Similar reverse converting circuits are 
also required at the receiving side. 
[Effects of the Invention] 

As the embodiment is described herein, according to the 
quadrature amplitude modulation digital transmission system of 
the invention, carriers of two orthogonal axes are different 
in the degree of multilevel of multilevel signal to be modulated, 
and higher bits of the code converted from analog to digital 




are assigned as the multilevel signal of the axis of smaller 
degree of multilevel, while the remaining lower bits of the code 
converted from analog to digital are assigned as the multilevel 
signal of the axis of larger degree of multilevel, and therefore 
reproduction at high quality is possible when the transmission 
CN ratio is large and the transmission condition is favorable, 
and in the poor condition of lower transmission CN ratio, 
increase of error rate is suppressed in the upper bits as 
compared with lower bits, so that it is possible to reproduce 
to such an extent as the content of the transmission 
information can be understood, and many other excellent effects 
are brought about. 

4. Brief Description of the Drawings 

Fig. 1 is a block diagram of an embodiment of receiving 
and reproducing apparatus according to the invention, Fig. 2 
is a block diagram of an embodiment of transmitting side 
transmission signal generating apparatus of the invention, Fig. 
3 is a diagram showing an example of code layout of transmission 
signal used in the invention, and Fig. 4 is a diagram showing 
an example of bit layout of transmission signal used in the 
invention. 

3, 4 Synchronous detector 

9, 10 Multilevel code discriminating circuit (4-level- 

2-level converting circuit) 

11 Clock regenerating circuit 




12, 13, 23, 24 Digital signal processing circuit 

14 Digital-to-analog converting circuit 

21 Audio input terminal 

22 Analog-to-digital converting circuit 
25 2-level-4-level converting circuit 
30, 31 Quadrature, modulation circuit 

32 Adder 

Attorney: Katsuo Ogawa, patent attorney 
Fig. 1 

2 Channel selector 
5 Carrier regenerator 

9 Discriminating 

10 Discriminating 4-level-2-level conversion 

11 Clock regenerator 

12 Digital signal processor 

13 Digital signal processor 

15 Output 
Q-axis 
I-axis 

Fig. 2 

23 Digital signal processor 

24 Digital signal processor 

25 2-level-4-level converter 

33 Amplifier 



Fig. 3 
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SPECIFICATION 



1. Title of the Invention 

Wireless communication system 

2. What is claimed is: 

1. A wireless communication system, being a system of 
presenting a plurality of services differing in the required 
transmission quality by wireless communication, 

wherein each service is presented by wireless 
communication, by a same transmitter and a same transmission 
power, and 

the service signal is provided with the transmission 
characteristic improving treatment for obtaining a greater 
improving effect when the requirement is stricter depending on 
the required transmission quality of the service. 

3. Detailed Description of the Invention 
[Industrial Field of Utilization] 

The present invention relates to a wireless communication 
system for presenting a plurality of services, and more 
particularly to a wireless communication system suited to a 
mobile communication system. 
[Prior Art] 

In mobile communication, when presenting a plurality of 
services (for example, sound, facsimile, and data 




communication) , it is supposed that the required transmission 
quality (such as bit error rate) differs individually. 

In mobile communication, usually, a radio base station 
connected to a fixed communication network is installed in the 
center of service area, mobile stations movinq freely in the 
service area are connected to the fixed communication network 
throuqh the radio base station. The communication ranqe of 
mobile stations (called zone radius) is determined by the 
transmission required in communication and transmission 
electric power between the base station and mobile stations. 

Generally, in facsimile or data communication, stricter 
transmission quality is required than in voice communication, 
and therefore in the system having set the transmission electric 
power for voice communication, if desired to receive the service 
of facsimile or data communication by using the same transmitter 
and receiver, the user cannot receive the service of facsimile 
or data communication except for the central region of the 
service area. Accordingly, to realize facsimile or data 
communication in satisfactory quality in the entire region of 
voice communication, the transmission electric power must be 
increased at the time of facsimile or data communication. 

It is relatively complicated to control the transmission 
electric power in every service, and when the transmission 
electric power is increased, the distance of the wireless 
communication system using the same frequency must be set apart, 
and the frequency utilization efficiency is poor. In 
particular, in mobile communication, the service area using a 




same frequency must be extended in distance, and the effective 
use of frequency becomes poor. 

It is hence an object of the invention to present a wireless 
communication system capable of presenting a plurality of 
services differing in transmission quality, by a same 
transmitter and same transmission electric power in a same area. 
[Means for Solving the Problems.] 

According to the invention, service signals differing in 
the required transmission quality are transmitted by a same 
transmitter and same transmission electric power, and the 
service signals are treated by transmission characteristic 
improvement differing depending on the required transmission 
quality, and in this case, the stricter the required 
transmission quality, the greater is the obtained improvement 
effect. 

Thus, for all services, for example, communication can be 
in the same zone radius and same transmission electric power 
[Embodiment] 

Fig. 1 shows an example of mobile communication system for 
explaining an embodiment of the invention . A voice signal input 
terminal 1, a facsimile signal input terminal 2, and a data 
communication input terminal 3 are connected to a switch 5 
through a signal processing circuit 4 for improvement of 
transmission characteristic. In this embodiment, the 
transmission characteristic improvement technology is 
realized by error correction coding and time diversity, and the 
signal input terminals 1, 2, 3 are respectively connected to 




error correction coding circuits 4a, 4b and 5c in the signal 
processing circuit 4, output sides of the error correction 
coding circuits 4a, 4b and 4c are respectively connected to time 
diversity circuits 4d, 4e and 4f, and these time diversity 
circuits 4d, 4e and 4f are connected to a transmitter 6 through 
the switch 5. The transmission signal of the transmitter 6 is 
transmitted as radio wave from a transmission antenna 7. 

This radio wave is received in a reception antenna 8, and 
is supplied into a receiver 9. The output side of the receiver 
9 is changed over and connected to any one of the circuits 
corresponding to voice signal, facsimile signal and data signal 
in a signal processing circuit 11 for improvement of 
transmission characteristic through a switch 10. The signal 
processing circuit 11 includes a voice signal output terminal 
12, a facsimile signal output terminal 13, and a data signal 
output terminal 14. 

A coded voice signal is fed into the voice signal input 
terminal 1. The coded voice signal is provided with a check 
bit by the error correction coding circuit 4a, and the time 
diversity circuit 4d sends out the same signal plural times at 
intervals (as for operation of time diversity, see Japanese 
Laid-open Patent No. 56-191814) . The facsimile signal and data 
signal, similarly, pass through the error correction coding 
circuits 4b, 4c and time diversity circuits 4e, 4f , and are fed 
into the switch 5 . The switch 5 selects any one of voice signal , 
facsimile signal and data signal, and supplies it into the 
transmitter 6, and this signal is modulated in carrier in the 




transmitter 6, and is transmitted to the transmission antenna 
7. 

The transmission signal is received in the reception 
antenna 8, and is demodulated and decoded into a base band signal 
in the receiver 9, and is put into the signal processing circuit 

11. The signal processing circuit 11 is a circuit for 
processing reversely as in the signal processing circuit 4, 
being provided individually for voice signal, facsimile signal 
and data signal, and each demodulated and decoded signal is 
processed by time diversity and error correction coding, and 
the voice signal is issued from the voice signal output terminal 

12, the facsimile signal from the facsimile signal output 
terminal 13, and the data signal from the data signal output 
terminal 14. 

In this case, according to the invention, the voice signal, 
facsimile signal, and data signal are processed by correction 
coding at different correction capacity and time diversity of 
different number of branches, individually, that is, the higher 
the reguired transmission guality, the higher is raised the 
correction capacity of error correction coding and the larger 
is the number of branches of time diversity. For example, the 
correction capacity of error correction coding is higher and 
the number of branches of time diversity is larger in the 
facsimile signal than in voice signal. 

Thus, plural services of different transmission quality 
requirements can be presented by same transmission electric 
power and in same zone radius. 




Depending on the requirement of transmission quality, 
meanwhile, only the correction capacity of error correction 
coding or only the number of branches of time diversity may be 
varied. 

[Effects of the Invention] 

The effects of the invention are described below while 
referring to specific examples. Supposing the voice signal to 
be an analog signal of 3 kHz coded according to APC-AB (adaptive 
prediction-adaptive bit assignment) , the facsimile signal to 
be a signal of 4.8 kb/s of G3, and the data signal to be a signal 
of 2.4 kb/s, their required transmission quality is 
respectively assumed to be 10" 2 , 10" 4 , and 10" 5 . Using two-branch 
spatial diversity (2SD) as fading measure, in the case of voice 
signal, at the transmission electric power of 15 W/3 W in the 
base station/mobile station, the frequency assignment for 
service area of zone radius of 3 km in 1 . 5 GHz band is realized 
by repeating nine sets of frequency. In the case of facsimile 
signal, however, at the same transmission electric power, the 
frequency assignment for service area of zone radius of 1.4 km 
realized by repeating 36 sets of frequency. 

As shown in Fig . 2 , the voice signal from the input terminal 
1 is coded in an APC-AB coding circuit 15, and is also coded 
by bit sort error correction (BSFEC) , and the coded voice signal 
is sent out into the switch 5 at 16 kb/s. The facsimile signal 
is coded in the error correction coding circuit 4b, and fed into 
the time diversity circuit 4e to undergo time diversity of two 
branches (2TD), and is supplied into the switch 5 at 16 kb/s. 




That is, since the time diversity has two branches, 8 kb/s is 
issued from one branch, and its 3 (8-4.8) kb/s is used in error 
correction bit. The data signal from the terminal 3 is coded 
in the error correction coding circuit 4c, and is fed into the 
time diversity circuit 4f to undergo time diversity of four 
branches (4TD), and is supplied into the switch 5 at 16 kb/s. 
The signal is modulated by GMSK (BbT = 0.25) and transmitted 
in a transmitter-receiver 21. That is, the transmission speed 
in the wireless section is 16 kb/s. The signal is received by 
a two-branch spatial diversity antenna 22, and demodulated in 
the transmitter-receiver 21 by frequency detection two-bit 
integral detection system, and is decoded by supplying into any 
one of the coding circuit 15, time diversity circuits 4e, 4f, 
through the switch 5. 

Fig. 3 shows measured results of experiments of average 
bit error rate with respect to the reception CNR (central value) 
in the case of using only two-branch spatial diversity in the 
presence of Raleigh fading (2SD) , in the case of using two- 
branch spatial diversity, two-branch time diversity and error 
correction coding (2SD-2TD-FEC) , and in the case of using 
two-branch spatial diversity, four branch time diversity and 
error correction coding (2SD-4TD-FEC) . 

As known from Fig. 3, at the reception CNR of near 10 dB, 
the voice signal has an average bit error rate of 10" 2 by 2SD, 
the facsimile signal has an average bit error rate of 10" 4 by 
2SD-2Td-FEC, and the data signal has an average bit error rate 
of 10" 5 by 2SD-4TD-FEC. That is, when the voice signal, 




facsimile signal, and data signal are treated by transmission 
characteristic improvement as shown in Fig. 2 individually, the 
required transmission quality is obtained at the same 
transmission electric power. When applied to the mobile 
wireless communication, at the zone radius of 3 km, the 
frequency assignment for service area can be realized by 
repeating nine sets of frequency, and not only the voice signal, 
but also the service of facsimile signal and data signal can 
be presented. 

As described herein, according to the invention, in the 
area capable of transmitting, for example, voice by the same 
transmitter and same transmission electric power, the service 
of facsimile or data communication is realized, and the user 
can enjoy a plurality of services without being conscious of 
difference in service. This invention can be applied not only 
in mobile communications but also in general wireless 
communications. 

4 . Brief Description of the Drawings 

Fig. 1 is a block diagram showing a wireless communication 
system according to the invention, Fig. 2 is a block diagram 
showing an example of experiment system of application of the 
invention, and Fig. 3 is a diagram showing results of 
experiments of the relation of average bit error rate and 
reception CNR in the experiment systems in the drawings. 
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Fig. 2 
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No. 62-133842 

SPECIFICATION 

1. Title of the Invention 

Multilevel quadrature amplitude modulation system 

2. What is claimed is: 

A multilevel quadrature amplitude modulation system, 
being used in a multilevel quadrature amplitude modulating 
apparatus comprising:. 

a differential-rotation object encoder (1) for encoding 
digital signals in plural systems being entered so as to remove 
the phase ambiguity of regenerative carrier, 

a digital/analog converter (2) for converting the output 
of said differential-rotation object encoder into an analog 
signal, and 

a modulator (3) for modulating the carrier in quadrature 
amplitude by the output of said digital/analog converter, 
comprising: 

a signal point layout converter (4) for expanding the 
interval of signal points closest to the boundary of each 
quadrant, 

wherein the bit error rate is improved. 

3. Detailed Description of the Invention 
[Summary] 

In a multilevel quadrature amplitude modulation system, 




a signal point layout converter is inserted between a 
differential-rotation object encoder for removing phase 
ambiguity of regenerative carrier and a digtal-to-analog 
converter, and the interval of signal points closest to the 
boundary of each quadrant is expanded, so that deterioration 
of bit error rate is improved. 
[Industrial Field of Utilization] 

The present invention relates to an improvement of 
multilevel quadrature amplitude modulation system used in 
digital microwave communications. 

Recently, various digital microwave systems are realized, 
including the 64-level quadrature amplitude modulation system 
(hereinafter called 64QAM system) , and to enhance the 
efficiency of use of frequency, there is a further multilevel 
trend, for example, 256QAM system. 

The more advanced the multilevel trend, the severer is 
required the performance of the apparatus, and the apparatus 
is required, for example, to minimize the deterioration of bit 
error rate. 
[Prior Art] 

Fig. 3 is a block diagram of a conventional example, and 
Fig. 4 shows a signal point layout diagram of Fig. 3, both 
referring to the 256QAM system. 

The numeral given beneath each point is data of second bit 
to fourth bit, and when the first bit numeral given in the upper 
right parentheses of each quadrant is added before the second 
bit, the corresponding data is obtained. For example, the data 




at point A is 100 100, and when 11 at the upper right corner 
of the first quadrant is added, it actually shows 1100 1100. 

Referring to Fig, 4, the operation in Fig. 3 is explained. 
First, in Fig. 3, the entered data of four bits and two systems 
(lch, Qch) is given to the differential encoder 11 of the 
differential-rotation object encoder 1. 

Herein, as disclosed in "Digital Microwave 
Communications" (Moriji Kuwabara, pp. 106-107, published by 
Project Center, March 1, 1985), in order to demodulate the 
correct data without knowing the absolute phase of transmission 
signal, the information is not placed on the position of signal 
point, but the information is placed on the transition of 
position. 

That is, the summation operation of yi = xi + yi-i is 
converted by the differential encoder 11 into the original 
signal by differential operation of xi = yi - yi-i ... (xi + y^i) 
- yi-i = xi in the reception side differential decoder (not shown) , 
so that it is possible to demodulate without knowledge of 
absolute phase of the transmission signal. 

Herein, yi is the encoder output and xi is the encoder input, 
and the summation operation and differential operation are 
paired operations, and both are combined and called 
differential conversion. 

Consequently, the output of the differential encoder 11 
is added further to the rotation object encoder 12, and, as shown 
in Fig. 12, the second-bit to fourth-bit codes are arranged so 
that equal codes of each quadrant may be at intervals of 90 




degrees. 

For example, in Fig. 4, signal point B of fourth quadrant 
and signal point B of first quadrant, and signal point C of first 
quadrant and signal point C of second quadrant are respectively 
at an interval of 90 degrees (except for the code of the first 
bit) . Accordingly, when demodulating, if there is phase 
ambiguity of 90 X n degrees, such as 0, 90, 180 and 270 degrees 
n the phase of the reference carrier, no change occurs in the 
second to fourth bit, and the differential conversion may be 
done only on the first bit signal, and the signals of second 
to fourth bit are passed directly without being converted. 

Herein, n is an integer. 

When 1100 1100 is entered in the rotation object encoder 
12, 1111 1111 is put out, and is converted into a maximum analog 
quantity in digital/analog converters 21, 22, and the carrier 
is modulated in quadrature amplitude in the modulator 3, and 
arranged at the position of point A. 

Here, the input data are converted to analog amount 
corresponding to the respective positions of signal point 
layout diagram of Fig. 4, and disposed to positions as shown 
in Fig. 4, respectively. 

[Problem that the Invention Is to Solve] • 

As shown in the signal point layout in Fig. 4, within a 
same quadrant, for example, if signal point D (000 010) of the 
lower three bits is mistaken to an adjacent bit 001 110, or 001 
010, only one bit is wrong. 

However, in the case of error over plural quadrants, a 




multibit error occurs. For example, as shown in the column of 
"Number of errors when crossing quadrants" in Fig. 4, a maximum 
error of six bits may occur. This is a problem of deterioration 
of error rate. 

[Means for Solving the Problem] 

The problem is solved by the multilevel quadrature 
amplitude modulation system of the invention for improving the 
bit error rate, by disposing, as shown in Fig. 1, a signal point 
layout converter 4 in the multilevel quadrature amplitude 
modulating apparatus, and expanding the interval between the 
signals closest to the boundary of each quadrant. 
[Operation of the Invention] 

The invention has decreased the possibility of occurrence 
of error crossing over quadrants, by expanding the interval of 
signal points closest to the boundary of each quadrant. 

That is, between a differential-rotation object encoder 
1 and a digital/analog converter 2, a signal point layout 
converter 4 storing the signal point layout in Fig. 2, for 
example, a read-only memory is inserted, and the output of the 
rotation object encoder 12 is converted to the signal point 
layout in Fig. 2 and added to the digital/analog converter. As 
a result, the number of wrong signal points crossing quadrants 
is decreased, and the bit error rate is improved. 
[Embodiment] 

Fig. 1 is a block diagram of an embodiment of the invention, 
and Fig. 2 shows a signal point layout of Fig. 1, and the unit 
added in the embodiment of the invention is a signal point layout 




converter 4. 

Throughout the drawings, same reference numerals 
represent same components, and the 256QAM system is shown. 

Referring now to Fig. 2 and Fig. 4, the operation in Fig. 
1 is described below. 

As shown in Fig. 1, the entered data of four bits and two 
systems (lch, Qch) is converted into a 2-level signal as shown 
in signal point layout in Fig. 4 by the differential-rotation 
object encoder 1, and is added to the signal point layout 
converter 4 . The signal point layout converter is composed of, 
for example, a read-only memory, which stores the data for 
converting the signal point layout in Fig. 4 into the signal 
point layout in Fig. 2, and the corresponding data is read out 
according to the output of the rotation object encoder as the 
address, and is added to the digital/analog converter 2 to be 
converted to an analog quantity, and the carrier is modulated 
in quadrature amplitude in the modulator 3, so that the 256QAM 
wave having the signal point layout as shown in Fig. 2 is obtained. 
As a result, the bit error rate is improved. 
[Effects of the Invention] 

As described in detail herein, the interval between signal 
points closest to the boundary of each quadrant is expanded, 
and hence the deterioration of bit error rate is improved. 

4 . Brief Description of the Drawings 

Fig. 1 is a block diagram of an embodiment of the invention, 
Fig. 2 is a signal point layout of Fig. 1, 




Fig. 3 is a block diagram of a conventional example, and 
Fig. 4 is a signal point layout of Fig. 3. 
In the drawings, 

1 is a differential-rotation object encoder, 

2 is a digital/analog converter, 

3 is a modulator, and 

4 is a signal point layout converter. 

Attorney: Sadakazu Igeta, patent attorney 

Fig. 1 Block diagram of an embodiment of the invention. 

I Differential-rotation object encoder 

3 Modulator 

4 Signal point layout converter 

II Differential encoder 

12 Rotation object encoder 

Fig. 2 Signal point layout of Fig. 1. 

Fig. 3 Block diagram of a conventional example. 

3 Modulator 

11 Differential encoder 

12 Rotation object encoder 

Fig. 4 Signal point layout of Fig. 3. 
Number of errors when crossing quadrants 
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© Coding for digital transmission. 



© Digital signals, such as digitized television signals, are subjected to a source coding step followed by a 
channel mapping step. The source coding step causes the television signal to be represented by two or more 
data streams while, in the channel mapping step, the mapping is such that the data elements of the various data 
streams have differing probabilities of being erroneously detected at the receiver. In proferred embodiments, a 
first one of the aforementioned data streams carries components of the overall television signal which are 
regarded as the most important-for example the audio, the framing information, and the vital portions of the 
video information, such as motion compensation information-and that data stream is mapped such that its data 
elements have the lowest probability of error. A second one of the data streams carries components of the 
overall television signal which are regarded as less important than those of the first data stream and that data 
stream is mapped such that its data elements have a probability of error that is not as low as those of the first 
data stream. In general, it is possible to represent the overall television signal with any number of data streams, 
each carrying components of varying importance and each having a respective probability of error. This 
approach allows a graceful degradation in reception quality at. for example, the television set location because 
as the bit error rate at the receiver begins to increase with increasing distance from the broadcast transmitter, 
the bits that represent proportionately less of the video information will be the first to be affected. 

FIG. 2 
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Ba ckground of the Invention 

The present invention relates to the transmission of digital data, including, but not limited to, the 
transmission of digital data which represents television signals. 

It is generally acknowledged that some form of digital transmission will be required for the next 
generation of television (TV) technology, conventionally referred to as high definition television, or HDTV. 
This requirement is due mostly to the fact that much more powerful video compression schemes can be 
implemented with digital signal processing than with analog signal processing. However, there has been 
some concern about getting committed to an all-digital transmission system because of the potential 
sensitivity of digital transmission to small variations in signal-to-noise ratio, or SNR, at the various receiving 
locations. 

This phenomenon-sometimes referred to as the "threshold effect"-can be illustrated by considering 
the case of two television receivers that are respectively located at 50 and 63 miles from a television 
broadcast station. Since the power of the broadcast signal varies roughly as the inverse square of the 
distance, it is easily verified that the difference in the amount of signal power received by the television 
receivers is about 2 dB. Assume, now, that a digital transmission scheme is used and that transmission to 
the receiver that is 50 miles distant exhibits a bit-error rate of 10" 6 . If the 2 dB of additional signal loss for 
the other TV set translates into a 2 dB decrease of the SNR at the input of the receiver, then this receiver 
will operate with a bit-error rate of about 10 -4 . With these kinds of bit-error rates, the TV set that is 50 miles 
away would have a very good reception, whereas reception for the other TV set would probably be very 
poor. This kind of quick degradation in performance over short distances is generally not considered 
acceptable by the broadcasting industry. (By comparison, the degradation in performance for presently 
used analog TV transmission schemes is much more graceful.) 

There is thus required a digital transmission scheme adaptable for use in television applications which 
overcomes this problem. Solutions used in other digital transmission environments-such as the use of a) 
regenerative repeaters in cable-based transmission systems or b) fall-back data rates or conditioned 
telephone lines in voiceband data applications-are clearly inapplicable to the free-space broadcast environ- 
ment of television. 

Summary of the Invention 

At the heart of our invention is the realization that a particular characteristic of prior art digital 
transmission systems is disadvantageous when carried over into, lor example, the television transmission 
environment and that that characteristic lies at the crux of the problem. In particular, digital transmission 
systems have traditionally been engineered to provide about the same amount of protection against 
impairments to all the data elements-typically bits—that are transmitted over the communication channel. 
Such an approach is desirable when the digital transport mechanism is transparent to the user's data and 
no prior knowledge of the data's content is available-as is the case, for example, in voiceband data or 
digital radio applications. However, when all the bits are treated as equal, they are also all affected in the 
same way by changing channel conditions and the result may be catastrophic, as illustrated by the above 
example. 

In accordance with the present invention, the shortcomings of standard digital transmission for over-the- 
air broadcasting of digital TV signals are overcome by a method comprising a particular type of source 
coding followed by a particular type of channel mapping-the latter being referred to herein as a 
catastrophe-resistant (C-R) mapping. 

More specifically, the source coding step causes the television signal to be represented by two or more 
data streams while, in the channel mapping step, the mapping is such that the data elements of the various 
data streams have differing probabilities of being erroneously detected at the receiver. In preferred 
embodiments, a first one of the aforementioned data streams carries components of the overall television 
signal which are regarded as the most important-as discussed in further detail hereinbelow-and that data 
stream is mapped such that its data elements have the lowest probability of error. A second one of the data 
streams carries components of the overall television signal which are regarded as less important than those 
of the first data stream and that data stream is mapped such that its data elements have a probability of 
error that is not as low as those of the first data stream. In general, it is possible to represent the overall 
television signal with any number of data streams, each carrying components of varying importance and 
each having a respective probability of error. This approach allows a graceful degradation in reception 
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quality at the TV set location because as the bit error rate at the receiver begins to increase with increasing 
distance from the broadcast transmitter, it will be the bits that represent the less important TV s.gnal 
information that will be the first to be affected. 

The invention is not limited to television signals but. rather, can be used in virtually any environment in 
which it is desired to provide different levels of error protection to different components of the intelligence 
being communicated. 

Brief Description of the Drawing 

In the drawing. . 

FIG. 1 is a block diagram of a transmitter embodying the principles of the invention, illustratively in the 
context of a four-dimensional channel mapping scheme for HDTV; 

FIG 2 is a block diagram of another transmitter embodying the principles of the invention in the context 

of a two-dimensional channel mapping scheme for HDTV, this scheme including trellis coding; 

FIG. 3 is a block diagram of a receiver for transmitted signals transmitted by the transmitter of FIG. 1; 

FIGS. 4-11 are signal constellation maps useful in explaining the principles of the invention. 

Detailed Description 

Before proceeding with a specific description of the transmitters of FIGS. 1 and 2 and the receiver of 
FIG 3 it will be helpful to first consider the theoretical underpinnings of the invention. 

First off it should be noted 'that the various digital signalling concepts described herein (with the 
exception, of course, of the inventive concept itself) are all well known in. for example, the digital radio and 
voiceband data transmission (modem) arts and thus need not be described in detail herein. These include 
such concepts as multidimensional signalling using N-dimensional signal constellations, where N is some 
integer- trellis coding; scrambling; passband shaping; equalization; Viterbi. or maximum-likelihood, decoding; 
etc These concepts are described in such U.S. patents as U.S. 3.810.021. issued May 7. 1974 to I. Kalet et 
al • U S 4 015 222. issued March 29, 1977 to J. Werner; U.S. 4.170.764. issued October 9. 1979 to J. Salz 
et'al ■ US' 4 247 940 issued January 27. 1981 to K. H. Mueller et al.; U.S. 4.304,962, issued December 8. 
1981 to R D Fracassi et al.; U.S. 4,457,004. issued June 26, 1984 to A. Gersho et al.; U.S. 4.489,418, 
issued December 18. 1984 to J. E. Mazo; U.S. 4.520.490. issued May 28. 1985 to L. We,; and U.S. 
4 597 090 issued June 24, 1986 to G. D. Forney. Jr.-all of which are hereby incorporated by reference. 

Turning now to the drawing. FIG. 4 depicts a standard two-dimensional data transmission constellation 
of the type conventionally used in digital radio and voiceband data transmission systems. In this standard 
scheme-conventionally referred to as quadrature-amplitude modulation (QAM)-data words each comprised 
of four bits are each mapped into one of 16 possible two-dimensional signal points. The constellation ,s thus 
labelled "Standard 16-QAM". Each signal point has an in-phase, or I, coordinate on the horizontal axis and 
has a quadrature-phase, or Q. coordinate on the vertical axis. Note that, on each axis, the signal point 
coordinates are t I or t 3 so that the distance between each point and each of the points that are 
horizontally or vertically adjacent to it is the same for all points-that distance being "2". 

(The process of mapping the data words into particular signal points is referred to herein as 'channel 
mapping" and the signal points are sometimes referred to as "channel symbols".) 

Now consider the 16-point constellation of FIG. 5. which embodies the principles of the invention. The 
difference between this constellation and that of FIG. 4 is the relative distance between the different s.gnal 

^'"specifically, since the distance between all the adjacent points in FIG. 4 is the same, essentially the 
same probability of error is provided for all the bits which the signal points represent. (Transmission errors 
arise when as the result of noise, phase jitter and various other channel phenomena/impairments, a 
transmitted signal point is displaced from its original position in the constellation to such an extent that it 
appears at the receiver that a different signal point was transmitted.) On the other hand, the distance 
between adjacent points in FIG. 5 is not the same for all the points. Specifically, the min.mum distance 
between points within a particular quadrant in FIG. 5 is d = V2. and the minimum distance between points 
in adjacent quadrants is twice this amount, that is2d=2J5. Thus, the probability of making an error ,n 
; the receiver in identifying in which quadrant the transmitted point was located is smaller than the probability 
of making an error in identifying which point within that quadrant was the actual point. This results from the 
fact that the minimum distance between signal points representing different values of the data elements of 
the first data stream-e.g., the minimum distance ( 2J2 ) between the points in the first quadrant 
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• representing the first-stream dibit 00 from those in the second quadrant representing the first-stream dibit 
01 --is greater than the minimum distance between the signal points representing the different values of the 
data elements of the second data stream--e.g.. the minimum distance ( -J2 ) between the point in the first 
quadrant representing the second-stream dibit 00 and the point in that same quadrant representing the 

5 second-stream dibit 01 . 

Assume now that two out of the four bits of each transmitted data word need more protection from error 
than the other two bits because they are more important than the other two bits. This is achieved in 
accordance with the invention by using those two. more important bits to select one of the four quadrants 
(as indicated by the circled dibits in FIG. 5). and using the other two bits to select one of the four points 

io within each quadrant, as indicated by the dibits next to each point. Since the probability of not correctly 
identifying the quadrant of the transmitted signal point is smaller than the probability of not correctly 
identifying the signal point itself, the desired protection is thereby achieved. 

More generally stated, the constellation is divided into groups of signal points and each group is divided 
into subgroups, each of the latter being comprised of one or more signal points. At least one data element. 

»5 e.g., bit. from each data word to be mapped identifies the group from which is to come the signal point that 
is to represent that data word, and at least one other data element identifies the subgroup within that group. 
If the subgroup contains more than one signal point, then further data elements are used to ultimately 
identify a particular one of those signal points (to which end the subgroup may be further divided into sub- 
subgroups). In accordance with the invention, a)the groups and subgroups are arranged such that the 

20 probability of the receiver erroneously determining which group a transmitted signal point is from is less 
than the probability of the receiver erroneously determining which subgroup it is from, and b) the data 
elements that identify the group represent information that is more important than the information repre- 
sented by data elements that identify the subgroup. 

A generic version of the constellation of FIG. 5 is shown in FIG. 6 in which the coordinate values, 

25 instead of being at t and ± 2 are £ a and i 0. It will also be appreciated that the constellations are 
not limited to any particular size, i.e., number, of signal points. For example, a standard 64-QAM 
constellation-represented by its upper right quadrant-is shown in FIG. 7, and a generic 64-point constella- 
tion embodying the principles of the invention and affording three different levels of protection is shown in 
FIG. 8. 

30 Before proceeding, it is useful to make some formal definitions. As noted above, channel mapping in 

accordance with the invention is referred to herein as catastrophe-resistant (C-R) mapping. In general, a (n, 
, n 3 , • ' • . n k ; m ) C-R mapping will be a mapping that provides the first (best) level of protection to n, 
bits; the second level of protection to n 2 bits; and so forth. The last entry in the mapping identification is a 
reminder of the total number m of information bits that are transmitted, that is: m = ni + n? + * ' * + n k 

35 . With this definition, each of the C-R mappings shown in FIGS. 5 and 6 is a ( 2, 2 ; 4 ) mapping. FIG. 8 is 
an example of a 64-point ( 2, 2, 2 ; 6 ) mapping (represented by its upper right quadrant); and an example 
of a 16-point ( 1, 2, 1 ; 4 ) mapping is shown in FIG. 9. Finally, notice that standard QAM mappings of the 
type shown in FIGS. 4 and 7 can be considered as ( m. m ) C-R mappings. 

We now briefly discuss the kind of trade-offs that are possible in the design of C-R mappings. First, we 

ao will assume that the power in the transmitted signal is subject to an average power constraint. Let a, and b, 
denote the I and Q discrete signal point levels, and assume that these signal points are uncorrelated. The 
average power constraint then requires that 



45 



£ a? + £ &? = constant 



(1) 



50 



for all the signal point level scenarios under consideration. Now let 



SNR n> 



55 
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denote the amount of SNR required to achieve a certain performance for the bits with the f level of 
protection. The change in the amount of SNR required by these bits to achieve that level of performance 
compared to a standard ( m ; m ) mapping is then defined by 



A SNR „, 



(2) 



where SNR m is the amount of SNR required by the { m ; m ) mapping to achieve the same performance. 
(This is the mapping that provides the same amount of protection to all the bits.) With the expressions m (1) 
and (2). we get the following relationships for the ( 2, 2 ; 4 ) mapping shown in FIG. 6: 



0 = Jyq- ^ A SNR n , = — 20 log 10 ( a ) ASNR n 



- 20log l0 - 



(3) 



where the incremental SNRs are expressed in dB. Using a in FIG. 6 as a parameter in (3). we can first 
determine the value of ft and then the incremental SNRs. Some computed values are given m Table I. 



Table I - Trade-Offs for the ( 2, 2 ; 4 ) Mapping 


cv 


0 


A SNR n > 


A SNR ni 


1 


3 


0 


0 


1.1 


2.965 


- 0.83 


0.61 


1.2 


2.926 


- 1.58 


1.28 


1.3 


2.883 


- 2.28 


2.03 




' 2 s/2 


- 3 


3 


1.5 


2.784 


- 3.52 


3.85 


1.6 


2.728 


- 4.08 


4.98 



In order to give some meaning to the entries in Table I. we consider some specifics, such as the case a 
= which corresponds to the signal constellation shown in FIG. 5. The incremental SNRs for the two 
most protected bits are given in the third column. For the case under consideration, the incremental SNR 
for these bits is equal to -3 dB. Thus, for a given probability of error, these bits can tolerate an SNR that is 
3 dB smaller than the SNR that would be required for a standard 16-point QAM system. On the other hand, 
as can be seen from the fourth column, the least protected bits would require three more dB of SNR in 
order to achieve the same performance as the standard QAM system. 

The trade-off that has been achieved in the previous example may seem quite brutal: On one hand, we 
decrease the sensitivity to noise by 3 dB for the first two bits; and then, on the other hand, we increase this 
sensitivity by the same 3 dB for the other two bits. Such a clean trade-off rarely happens, as should be 
apparent from the other entries in Table I. For example, for a = 1.2 more robustness against noise is 
gained by the most protected bits than is lost by the least protected bits. This is the kind of behavior to be 
sought in the design of efficient C-R mappings. 
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The invention is not limited to two-dimensional constellations but, indeed, can be implemented with N- 
dimensional constellations where N £ 2. Indeed, an increase in the number of dimensions gives more 
flexibility in the design of efficient mappings. One way of implementing multidimensional C-R mappings with 
a QAM system is to use different two-dimensional C-R mappings in successive signal point intervals. As an 

s example, a four-dimensional constellation can be created by concatenating all of the possible two- 
dimensional signal points from the ( 2, 2 ; 4 ) mapping of FIG. 5 with all of the possible two-dimensional 
signal points from the ( 1, 2, 1 ; 4 ) mapping of FIG. 9, as explained hereinbelow. 

It is easily shown that such a mapping procedure provides a ( 3, 2, 3 ; 8 ) four-dimensional C-R 
mapping. Specifically, the greatest spacing between points in the constellation of FIG. 5 is the distance 

(0 2v/2, which is the smallest distance between the points in one quadrant and those in another. That same 
greatest spacing separates the upper and lower halves of the constellation of FIG. 9. Thus the highest level 
of protection can be achieved for three bits-two bits selecting a quadrant from the FIG. 5 constellation--as 
indicated by the circled dibits in FIG. 5—and a third bit selecting one of the two (upper and lower) halves of 
the constellation of FIG. 9--as indicated by the circled bits in FIG. 9. The next largest spacing is the 

is distance between the columns in the constellation of FIG. 9. the smallest such distance being 2. Thus the 
second-highest level of protection is achieved for two bits, which select one of the four columns from the 
constellation of FIG. 9, as indicated by the squared-in dibits in FIG. 9. Finally, the smallest spacing is the 
distance -J2 which, in the constellation of FIG. 5. is the smallest distance between the points within a 
quadrant and in the constellation of FIG. 9 is the smallest distance between the points within a column. 

20 Thus the lowest level of protection is again achieved for three bits-two bits selecting a point within the 
selected quadrant of the FIG. 5 constellation-as indicated by the dibits next to each point in FIG. 5-and a 
third bit selecting one of the two points contained within the selected half and selected column of the 
constellation of FIG. 9-as indicated by the single bit next to each point in FIG. 9. 

It will thus be appreciated, by way of example, that the 8-bit word 01110100 would result in the 

25 selection of the four-dimensional signal point made up of the concatenation of point A from FIG. 5 and point 
A' from FIG. 9. Specifically, the first and second bits, 01. select the upper left quadrant of FIG. 5; the third 
bit, 1, selects the lower half of FIG. 9; the fourth and fifth bits, 10, select the second-from-right column of 
FIG. 9; the sixth and seventh bits, 10, select point A from the previously selected quadrant of FIG. 5; and 
the eighth bit, 0, selects point A' from the previously selected half and column of FIG. 9. 

30 For this mapping, the SNR requirements for the two bits with the second level of protection are the 
same as the SNR requirements for the standard QAM signal constellation in FIG. 4. The three most 
protected bits and the three least protected bits have the SNR requirements that were derived in the 
previous section for the two-dimensional ( 2, 2 ; 4 ) mapping. 

We are now in a position to consider the transmitter of FIG. 1. 

35 Television signal source 101 generates an analog television signal which is passed on to source coder 
104. The latter generates a digital signal in which at least one subset of the data elements represents 
information that is more important than the information represented by the rest of the data elements. Two 
examples of how such a signal might be generated are given hereinbelow. 

The source-coded signal is illustratively C-R mapped, in accordance with the invention, using the four- 

40 dimensional mapping mentioned above in which each four-dimensional signal point is comprised of a two- 
dimensional signal point from the constellation of FIG. 5 concatenated with a two-dimensional signal point 
from the constellation of FIG. 9. In accordance with a feature ot the invention, it has been recognized that it 
is desirable to preserve the distinctness of the bits which are to be accorded a particular level of protection 
by the mapping, notwithstanding any processing of the bits that may be necessary prior to their being 

45 mapped into four-dimensional signal points by four-dimensional mapper 121. Unless such distinctness is 
maintained, then, of course, it will not be possible to allocate the different levels of protection to the various 
data streams which represent the television signal. 

In the present embodiment, in particular, it is desired to scramble the bits which comprise the digital 
signal in order to ensure a relatively uniform distribution of energy across the frequency band that the signal 

so takes up. Accordingly, those bits are scrambled in three separate groups. Bits bi , b 2 and to 3 , which contain 
the most important information and are therefore to be accorded the highest level of protection, are 
scrambled by a first scrambler 111; bits b* and 6s. which contain the second-most-important information 
and are therefore to be accorded the second-highest level of protection, are scrambled by a second 
scrambler 112; and bits D6, D7 and bs, which contain the least important amount of information and are 

55 therefore to be accorded the lowest level of protection, are scrambled by a third scrambler 113. (Scrambling 
is customarily carried out on a serial bit stream. Thus although not explicitly shown in FIG. 1, scramblers 
111, 112 and 113 may be assumed to perform a parallel-lo-serial conversion on their respective input bits 
prior to scrambling and a serial-to-parallel conversion subsequent thereto.) 

6 
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The eight scrambled bits are applied in parallel in a four-dimensional mapper 121. mentioned above, 
which identifies a four-dimensional signal point to be generated using, for example, the bit-assignment 
scheme described above. Mapper 121 may be. for example, realized using table look-up. Conventional 
passband shaping and television modulation are then performed by passband shaper 141 and television 
modulator 151, respectively. The resultant analog television signal is then broadcast via antenna 152. 

Turning now to the receiver of FIG. 3, the analog television signal is received by antenna 301. is 
subjected to conventional television front-end processing including, for example, demodulation in processing 
unit 311 and is converted to digital form by A/D converter 312. The signal is then equalized by passband 
channel equalizer 321 and passed on to detector 331. The latter stores information relating to the 
mapping-specifically. information indicative of the positions of the signal points of the constellation and the 
manner in which they are divided into groups and subgroups-and performs a so-called "slicing" operation 
on the equalized signal in order to form decisions as to what the transmitted signal points were m response 
to the stored information. Apart from having knowledge about the way in which the constellations of FIGS. 5 
and 9 are configured pursuant to the invention, the detector is otherwise standard. 

The 8-bit words output by detector 331 are descrambled by descramblers 341, 342 and 343, which 
respectively perform the inverse function of scramblers 111. 1 12 and 113 in the transmitter. A television 
signal formatted so as to be displayable by. for example, a CRT display is then generated from the 
descrambler outputs by picture signal generator 353. That signal is then applied to CRT display 360. 

One more step of sophistication in the design of efficient C-R mappings can be achieved by adding 
redundancy to the signal constellations. Adding redundancy allows the usage of forward-error-correction 
coding, such as trellis coding. One of the issues with trellis coding is that its effect on the error rate of 
individual bits is not well understood. The published studies seem to have concentrated on the probability of 
error events, which is not easily related to the bit-error rate for trellis-coded systems. Nevertheless, even a 
simple example can show how more powerful C-R mappings can be obtained by using trellis coding. 

Assume that we want to transmit three bits per signal point, and that one of the bits requires much 
more protection than the other bits. For a non-trellis-coded system, this can be done by using a ( 1. 2 ; 3 ) 
C-R mapping that has the signal constellation shown in FIG. 10. The most important bit defines the upper or 
lower half plane, and the other two bits define one of four possible points in each half plane. It is easily 
verified that the most valuable bit has 7 dB more margin against noise than the other two bits. We now 
i assume that independent one-dimensional trellis codes are used along each axis in FIG. 10. thereby, in 
practical effect, increasing the distance between the rows and. independently, the distance between the 
points within a row. This leads to the signal constellation shown in FIG. 11. Specifically, one of the three bits 
is trellis-coded to become two bits which select one of the four rows in FIG. 11, and the other two bits are 
trellis-coded independently of the first bit to become three bits which select one of the eight columns in 
; FIG. 11. 

FIG. 2 shows a block diagram of a transmitter utilizing the constellation of FIG. 11. Television signal 
source 201 generates an analog television signal which is passed on to source coder 204. The latter 
generates a digital signal comprised of 3-bit binary data words c. c 2 . c 3 , in which it is assumed that bit c, 
is more important than the the other two bits c 2 and c 3 . Bit c, is scrambled by a first scrambler 211, while 
; bits C 2 and Cs are scrambled by a second scrambler 212. 

The output of scrambler 21 1 is trellis-encoded by quadrature-phase trellis coder 215, while the output of 
scrambler 212 is trellis-encoded by in-phase trellis coder 216. The 2-bit output of trellis coder 215 identifies 
one of the four rows of the FIG. 1 1 constellation, as described above. Those two bits are applied to 
quadrature-phase one-dimensional mapper 221. which generates an output identifying one of the four y-axis 
5 coordinates ± 1, ± 3. At the same time, the 3-bit output of trellis coder 216 identifies one of the eight 
columns of the FIG. 11 constellation. Those three bits are applied to in-phase one-dimensional mapper 222, 
which generates an output identifying one of the eight x-axis coordinates ± 0.5. ± 1.5. ± 2.5 and ± 3.5. 
Conventional passband shaping is then performed by quadrature-phase passband shaper 241 and in-phase 
passband shaper 242, whose outputs are combined in an adder 243. The resulting combined signal is then 
o applied to television modulator 251, whose output analog signal is broadcast via antenna 252. 

A specific receiver for the signal generated by the transmitter of FIG. 2 is not shown. Those skilled in 
the art will, however, be readily able to design such a receiver using standard building blocks similar to 
those used in FIG. 3, although in this case the detector stage preferably includes a maximum likelihood, or 
Viterbi, decoder in order to take advantage of the coding gain afforded by the trellis codes. 
;5 With this kind of trellis coding, we can decrease the sensitivity to noise by 3 dB for all the bits. For a 
probability of error of lO -6 . the most important bit then requires an SNR of about 11 dB. and the other two 
bits require an SNR of about 18 dB. (For simplicity, we assume here that the channel has a flat amplitude 
response.) If standard 8-point uncoded and 16-point trellis-coded signal constellations were utilized instead, 
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• the SNR requirements would be 18 dB and 15 dB. respectively, for the same error rate. Designs for trellis- 
coded C-R mappings that are directly carried out in a multidimensional space should be even more 
powerful. 

The foregoing merely illustrates the principles of the invention. For example, the invention is illustrated 
5 herein in the context of a digital TV transmission system. However, it is equally applicable to other types of 
digital transmission systems. Moreover, although particular constellations are shown herein, numerous other 
constellations, which may be of any desired dimensionality, can be used. For example, the various 
constituent two-dimensional C-R mappings that are used to provide higher-dimensional, e.g., four-dimen- 
sional, mappings may be used in unequal proportions. Alternatively, signal constellations with a different 
io number of points may also be used in successive signal point intervals. All these possibilities provide a 
great flexibility for the design of efficient multidimensional C-R mappings. Additionally, it should be pointed 
out that four dimensions are naturally available in HDTV applications because of the possibility of using 
horizontal and vertical polarizations at the same time. Theoretically, this allows the simultaneous transmis- 
sion of two independent QAM signals. Thus, for this application, there is an opportunity to implement 
is multidimensional C-R mappings both in time (over different signal point periods) and in space (between 
polarizations). 

Additionally, although a particular type of source coding is used in the illustrative embodiment hereof, it 
is envisioned that various other approaches to the digital representation of the television signal, i.e.. other 
types of source coding, can be employed in order to give more protection to some of the transmitted bits. 

20 Such approaches might include the use of, for example, trellis/convolutional codes. BCH codes, Reed- 
Solomon codes, and/or concatenations of same. Disadvantageous^, some channel mapping schemes may 
expand the bandwidth of the transmitted signal or may have potential synchronisation problems, and may 
not be cost effective. In any case, if these problems can be resolved, the present invention can always be 
combined with any such approachs since the latter operate on the bit stream. Also, it is envisioned that the 

25 source coding may well include other types of processing, such as any of various forms of television signal 
compression. 

It may also be noted that although the invention is illustrated herein as being implemented with discrete 
functional building blocks, e.g., source coders, scramblers, etc.. the functions of any one or more of those 
building blocks can be carried out using one or more appropriate programmed processors, digital signal 
30 processing (DSP) chips, etc. 

It will thus be appreciated that those skilled in the art will be able to devise numerous and various 
alternative arrangements which, although not explicitly shown or described herein, embody the principles of 
the invention and are within its spirit and scope. 

35 Claims 

1. A method for communicating information 

CHARACTERIZED BY 
the steps of 

40 generating a digital signal representing the information, the digital signal being comprised of at 

least first and second data streams of data elements, 
channel mapping the digital signal, and 

transmitting the mapped signal over a communication channel, 

the mapping step being such that the probability of channel-induced error for the data elements of 
45 the first data stream is less than the probability of channel-induced error for the data elements of the 
second data stream. 

2. The invention of claim 1 

CHARACTERIZED IN THAT 
50 said information is television signal information. 

3. The invention of claim 1 

CHARACTERIZED IN THAT 

said mapping step includes the step of trellis coding the digital signal. 

55 
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The invention of claim 1 

CHARACTERIZED IN THAT 

said generating step includes the steps of receiving the information, and 
source coding the information using a predetermined source code. 

The invention of claim 1 

CHARACTERIZED IN THAT 

the mapping step comprises the step of 

selecting a sequence of signal points from a predefined constellation of signal points to represent 
the data elements, the constellation being such that the minimum distance between signal points 
representing different values of the data elements of said first data stream is greater than the minimum 
distance between signal points representing the different values of the data elements of said second 
data stream. 

The invention of claim 5 

CHARACTERIZED IN THAT 

said constellation is an N-dimensional constellation, where N £ 2. 

The invention of claim 5 

CHARACTERIZED IN THAT 

said generating step includes the steps of receiving the information, and 
source coding the information using a predetermined source code. 

The invention of claim 7 

CHARACTERIZED IN THAT 

said generating step includes the further step of processing the source-coded information using at 
least a first predetermined processing algorithm, said processing being carried out for the data 
elements of said first data stream independently of the processing carried out for the data elements of 
said second data stream. 

Apparatus for use in a digital transmission system of the type in which signal points from a 
predetermined signal point constellation representing respective associated data words are commu- 
nicated from said transmitter over a communication channel to a receiver, said data words being 
comprised of individual data elements, said constellation being divided into groups of signal points and 
each of said groups being divided into subgroups of signal points, said apparatus including 

means responsive to at least one of the data elements of each said data word for identifying which 
particular one of said groups includes the signal point associated with said data word and responsive to 
at least one other of the data elements of that word for identifying which particular one of the 
subgroups within said particular group includes the signal point associated with said data word, and 

means for generating a signal representing a signal point from the identified subgroup and for 
applying that signal to said communication channel, 

CHARACTERIZED IN THAT 

said groups and subgroups are arranged such that the probability of said receiver erroneously 
determining which group a transmitted signal point is from is less than the probability of said receiver 
erroneously determining which subgroup it is from. 

. The invention of claim 9 

FURTHER CHARACTERIZED IN THAT 

the data elements that identify said particular group represent more important information than the 
data elements that identify said particular subgroup. 

. The invention of claim 9 

CHARACTERIZED IN THAT 

said information is television signal information. 

!. The invention of claim 9 

CHARACTERIZED IN THAT 

said data words are trellis encoded data words. 
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13. The invention of claim 9 

CHARACTERIZED IN THAT 

said constellation is an N-dimensional constellation, where N i. 2. 



5 14. An arrangement lor use in a receiver which receives intelligence communicated to said receiver by a 
transmitter, said transmitter including apparatus for a) generating a digital signal representing the 
intelligence, the digital signal being comprised of at least first and second data streams of data 
elements; b) channel mapping the digital signal using a predetermined signal constellation; and c) 
transmitting the mapped signal over a communication channel to the receiver, said mapping being such 

id that the probability of channel-induced error for the data elements of the first data stream is less than 
the probability of channel-induced error for the data elements of the second data stream, said 
arrangement 

CHARACTERIZED BY 

means for receiving the transmitted signal, and 
is means for storing information relating to said signal constellation and for recovering said intel- 

ligence from the received signal in response to said stored information. 



15. The invention of claim 14 

CHARACTERIZED IN THAT 
20 said intelligence is television signal information. 



16. The invention of claim 15 

CHARACTERIZED IN THAT 

said mapping includes trellis coding of the digital signal and 
25 FURTHER CHARACTERIZED IN THAT 

said recovering means includes a maximum-likelihood decoder. 

The invention of claim 14 

CHARACTERIZED IN THAT 

said mapping includes the selecting of a sequence of signal points from a predefined constellation 
of signal points to represent the data elements and 
FURTHER CHARACTERIZED IN THAT 

said stored information is indicative of the positions of the signal points of said constellation. 

35 18. The invention of claim 17 

CHARACTERIZED IN THAT 

said constellation is an N-dimensional constellation, where N £ 2. 



19. The invention of claim 14 CHARACTERIZED IN THAT 

40 said mapping includes the selecting of a sequence of signal points from a predefined constellation 

of signal points to represent the data elements, the constellation being such that the minimum distance 
between signal points representing different values of the data elements of said first data stream is 
greater than the minimum distance between signal points representing the different values of the data 
elements of said second data stream, and 

45 FURTHER CHARACTERIZED IN THAT 

the stored information is indicative of the positions of the signal points of said constellation. 

20. A method for use in a receiver of a digital transmission system, said system being of a type in which 
signal points selected from a predetermined signal point constellation to represent respective asso- 

50 ciated data words are communicated from said transmitter over a communication channel to a receiver, 

said data words being comprised of individual data elements, said constellation being divided into 
groups of signal points and each of said groups being divided into subgroups of signal points, and said 
signal points being selected by lollowing the steps of 

a) identifying, in response to at least one of the data elements of each said data word, which 
55 particular one of said groups includes the signal point associated with said data word and, in 

response to at least one other of the data elements of that word, which particular one of the 
subgroups within said particular group includes the signal point associated with said data word, and 
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b) generating a signal representing a signal point from the identified subgroup and applying that 
signal to said communication channel, said groups and subgroups being arranged such that the 
probability of said receiver erroneously determining which group a transmitted signal point is from is 
less than the probability of said receiver erroneously determining which subgroup it is Irom, 



CHARACTERIZED BY 
the steps of 

receiving the transmitted signal points, and 

recovering from the received signal points the data words represented thereby, said recovering 
io being carried out in response to information stored, in said receiver, about said constellation and the 
manner in which it is divided into said groups and subgroups. 

21. The invention of claim 20 

FURTHER CHARACTERIZED IN THAT 
, 5 the data elements that are used to identify said particular group represent more important 

intelligence than the data elements that identify said particular subgroup. 

22. The invention of claim 20 

CHARACTERIZED IN THAT 
20 said information is television signal information. 

23. The invention of claim 20 

CHARACTERIZED IN THAT 

said data words are trellis encoded data words. 



5 



said method 



25 



24. 



The invention of claim 20 
. CHARACTERIZED IN THAT 

said constellation is an N-dimensional constellation, where Ni 2. 
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components of the overall television signal which are 
£2 regarded as less important than those of the first 
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that its data elements have a probability of error that 
° is not as low as those of the first data stream. In 
CL general, it is possible to represent the overall televi- 
sion signal with any number of data streams, each 
carrying components of varying importance and 
each having a respective probability of error. This 



approach allows a graceful degradation in reception 
quality at, lor example, the television set location 
because as the bit error rate at the receiver begins 
to increase with increasing distance from the broad- 
cast transmitter, the bits that represent proportion- 
ately less of the video information will be the first to 
be affected. 
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DISPOSITIF DE TRANSMISSION DE DONNEES NUMERIQUES A AU MOINS DEUX NIVEAUX DE 
PROTECTION, ET DISPOSITIF DE RECEPTION CORRESPONDANT 



Le domaine de I'invention est celui de la transmission de donnees numeriques, notamment dans des 
canaux perturbcs. Plus precisement, rinvention cancerne la transmission dans un meme canal de donnees 
necessitant des niveaux de protection drfferents vis a vis des erreurs de transmission. 

Les donnees transmises peuvent par exemple Sire des donnees sonores ou des donnees audiovisuelles 
s (notamment television, visiophone, etc.), et plus generalement tout type de donnees numeriques sur lesquel- 
les il peut itre interessant, utile, ou en tout cas non nefasle d'effectuer une discrimination entre les elements 
numeriques sur un critere de niveau de protection minimale souhaite. 

L'invention a pour arriere-plan technologique le systeme de radiodhfusion sonore numSrique tel que decrit 
dans les demandes francaises 86 09622 du 2 juillet 1966, et 86 13271 du 23 septembre 1986 au nom des 
io memes deposants. Le systeme de diffusion numerique presente dans ces demandes de brevet anterieures 
est base sur ['utilisation conjointe d'un dispositif de codage de canal, et d'un procede de modulation par mul- 
tiplexage de frequences orthogonales (systeme COFDM : Coding Orthogonal Frequency Division Multiplex). 

Le procede de modulation proprement dit de ce systeme connu consisle a assurer la repartition d'elements 
numeriques constitutifs du signal de donnees dans I'espace frequence-temps f-t et a emettre simullanement 
n des jeux d'elements numeriques sur N voies de diffusion paralleles au moyen d'un multiplex de frequences 
porteuses orthogonales. Ce type de modulation permet d'eviter que deux Elements successifs du train de don- 
nees soit emis a la meme frequence. Ceci permet d'absorber la selectivity fluctuante en frequence du canal, 
en dispersant frequentiellemenl, pendant la diffusion, les elements numeriques initialement adjacents. 

Le processus de codage connu vise pour sa part a permettre de trailer les echantillons issus du demodu- 
10 lateur pour absorber I'effet de variation d'amplirude du signal re? u, due au processus de Rayleigh. Le codage 
est avantageuseroent un codage convoluM, eventuellement concatene a un codage du type Reed-Solomon. 

De facon connue, les elements numeriques codes sont de plus entrelaces, tant en temps qu'en frequence, 
de facon a maximiser I'independance statistique des echantillons vis-a-vis du processus de Rayleigh et du 
caractere selectif du canal. 

25 Ce procedi est bien adapte a la diffusion de signaux numeriques de haul debit (plusieurs megabit/s) dans 
des canaux part'culierement hostiles comme sa premiere realisation I'a montre dans le cadre de la radiod'rffu- 
sion sonore numerique. II permet notamment la reception de donnees numeriques par des mobiles circulant 
en milieu urbain, c'est-a-dire en presence de parasites et de brouillage, et dans des conditions de multipropa- 
galion (processus de Rayleigh) , engendrant un phenomene d'evanouissement (fading). 

30 Toutefois, dans sa forme actuelle, ce procede n'est pas utilise de facon optimale : le meme codage canal 
est utilise pour I'ensemble des donnees a transmettre, avec la meme protection centre les erreurs de trans- 
mission, quelle que soit I'importance des elements de donnees. 

II est frequent que des informations numeriques destinees a etre transmises dans le m6me canal aient des 
importances differentes. Ainsi, par exemple, dans le cas de signaux sonores, on sail que Ton peut toierer un 

35 laux d'erreur d'environ 1% pour les bits les mains sig nrficaufs (LSBs), alors que les bits les plus sign'rficaliis 
(MSBs) exigent souvent un taux d'erreur inferieur a 1CH. De meme, dans un signal d'images, tous les coeffi- 
cients transmis n'ont pas la m4me importance, en particulier d'un point de vue psychovisuel. 

II est clair que le taux d'erreur est lie notamment au type de codage utilise , toutes conditions de reception 
etant egales par ailleurs, et en particulier aux procedes de corrections d'erreurs et aux redondances introduites. 

*) II apparail done que le rendement du codage, en terme de debit, est lie au codage utilise. En d'autres termes, 
plus le codage est fiable, plus son debil est faible. 

Du point de vue du codage de canal seul, i! est done dair qu'un systeme de codage de canal protegeant 
uniformement le flot de donnees et base sur la sensibility aux erreurs de transmission des bits les plus signi- 
ficants est sous-optimal en terme d'efficacite spectrale (nombre de bits/s/Hz). 

45 II en resulte un codage de bonne qualite pour I'ensemble des bits, et done un surcodage des bits peu impor- 
tants. entrainant une perte de debit de transmission. 

On connait 6i]i des procedes realisant une adaptation du codage de canal aux exigences du codage 
source. II a notamment ete propose d'utiliser des codes convolutrfs poinconnes a rendement variable (RCPC) 
qui sont associes. a la reception, a un decodeur de Viterbi unique fonctionnant en decision douce. Ce procede, 

so decrit par R.V.Cox, N. Seshadri et C.-E. W. Sundberg dans 'Combined subband source coding and convolu- 
tjonal channel coding' (Codage source par bandes el codage de canal convolulif combines), ITG Tagung : Digi- 
tate Sprachverarbeitung, 26, 28-10-1988, Bad Nauheim, realise la suppression, ou poinconnage, periodique 
de certains bits du code source, lorsque le taux d'erreur maximum exige le permeL Cependant ce type de 
codage reste Ii4 a une modulation particuliere, ce qui limile I'effieacite spectrale que I'on peut obtenir. Ainsi, 
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dans le cas d'un codage RCPC utilise avec la modulation 4-PSK, 3 n'esl possible d'atteindre au maximum 
qu'une effcacife spectrale strictemenl inferieure a 2. Par ailleurs, il ne semble pas possible d'utiliser cette tech- 
nique dans de bonnes conditions avec des modulations a plus de qualre etats de phase. 
L'invention a pour objectif de pallier ces inconvenienls. 
s " Plus precisement, rinvention a pour objectif de foumir un dispositif de transmission numerique du type 
' COFDM. optimisant le rendement de la transmission. 

Un autre objectif de l'invention est de foumir un tel dispositif qui permette d'optimiser I'utilisation du canal 
de transmission en affectant des techniques de transmission drffereneiees a des portions de donnees d'un 
meme train numerique en fonction de niveaux de protection recherches differents, conlre les erreurs de trans- 

Un objectif complementaire de l'invention est de foumir un tel dispositif, exploitant la flexibility et I'inde- 
pendance entre les porteuses du proced6 COFDM. 

Ces objectifs, ainsi que d'autres qui apparaitront par la suite, sont atteinls a I'aide d'un dispositif de trans- 
mission de donnees numeriques a au moins deux niveaux de protection, du type assurant la repartition des 
« donnees a transmettre sous forme d'elements numeriques dans I'espace temps-frequence et remission de 
symboles constitues chacun d'un multiplex de N porteuses crthogonales modulees par un jeu desdits elements 
numeriques. et transmis simultanement, comprenant des moyens de codage canal eomprenant au moins deux 
types de modulation et/ou au moins deux rendements de codage. 

Ainsi. a est possibled'attribuera chaque type de donnees a transmettre, en fonction du niveau de protection 
20 contre les erreurs requis, une modulation el/ou un rendement de codage adequats. 

Avantageusement, ledit multiplex de N porteuses est divise en au moins deux jeux de porteuses. a chacun 
desdits jeux etant affccte un type de modulation different euou un codage avec rendement de codage different. 

Dans ce cas, lesdits jeux de porteuses sont preferentiellement entrelaces selon I'axe frequentiel. de facon 
a ce que chacun desdits jeux de porteuses beneficie de I'independance en frequence liee a la largeurde bande 
25 totale. En effet, on a interet a repartir les porteuses sur la plus grande largeur de bande possible, de facon a 
assurer une robustesse maximale vis a vis des perturbations selectives cn frequence (notamment evanouis- 
sements). 

Dans un autre mode de realisation, le dispositif d'emission de l'invention comprend, pourau moins une 
desdites porteuses. des moyens de selection entre au moins deux types de modulation et/ou entre au moins 
X ' deux rendements de codage en fonction du debit de transmission et des perturbations affectant le canal. 
Cela peimet d'adapter de facon optimale le debit aux donnees a transmettre. 

Avantageusement, dans ce second mode de realisation, le dispositif d'emission comprend des moyens 
de generation de donnees d'assistance permettant, dans des recepteurs. de connaitre pour chaque train de 
donnees numeriques recu, les types de modulation et/ou les rendements de codage selectionnes correspon- 

Ces deux modes de realisation peuvent egalement etre mis en oeuvre simultanement, chaque jeu de por- 
teuses pouvant utiliser au moins deux types de modulation et/ou deux rendements de codage. en fonction des 
donnfies a transmettre. 

De facon preferentielle, lesdits types de modulation sont des modulations de phase et/ou d'amplitude. 
jo Dans un autre mode de realisation avantageux, le dispositif de l'invention comprend. pour au moins une 

desdites porteuses. des moyens dissociation optimale des elements numeriques codes aux etats de la cons- 
tellation de la modulation, selon la technique dite des modulations codees en treillis. 

Pour permettre une demodulation coherente , le dispositif comprend avantageusement des moyens d'inser- 
bon d'un motif de synchronisation frequentiel recurrent dans le temps, permertant d'effectuer une demodulation 
is coherente dans lesdits recepteurs. 

Preferentiellement, le dispositif d'emission de l'invention comprend au moins deux codeurs canal utilisant 
des polynomes generateurs identiques, de facon a permettre, dans les recepteurs, I'utilisation d'un meme deco- 
deur pour plusieurs trains de donnees codes par des codeurs distincts. 

D'autres caracteristiques et avantages de l'invention apparaitront a la lecture de la description suivante 
so d'un mode de realisation, donne a litre d'exemple illustratjf et non limflafrf. et des dessins annexes dans les- 

- la figure 1 presente des courbes du rapport de I'energie par bit utile sur la densite spectrale de bruit en 
fonction de I'efficacite spectrale de differents modes de codage canal, dans les cas de canaux gaussien 
et de Rayleigh ; 

55 - la figure 2 est un schema de principe d'un dispositif d'emission selon rinvention ; 

- la figure 3 est un synoptique d'une chaine globale d'emission et reception selon l'invention, presenlant 
les parties codage et decodage ; 

- la figure 4 est un exemple (fentrelacement des jeux de porteuses, dans le cas de trois sources differentes, 
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du point de vue du niveau de protection contra les erreurs de transmission ; 

- la figure 5 presente le synoptique detaille d'un dispositif d'emission selon la figure 2. dans le cas d une 
application a deux niveaux de protection ; .„.m_j. 

- la figure 6 presente le synoptique detaille d'un dispositif de reception correspondant au disposibf d emis- 

Le diwoliW dTl'invention permet de resoudre de maniere optimale le probleme de transmission de diffe- 
rentes sources de donnees necessitant des protections differentes. II est base sur I'utilisation du precede 
COFDM. En effet. chacune des porteuses du multiplex OFDM est modulee de maniere independante. ce qui 
permet de leur appliquer des modrfations differentes. , , , „„ 

Ainsi a litre d'exemple on peut envisager d'utiliser pour la lransm.ss.on de donnees essenuelles une 
modulation de phase a quatre etats (4-PSK), et pour des donnees moins importantes. une modulation a 8 ou 
16 etats (S-PSKou 16 PSK). Cette derniere modulation sera moins robuste que la premiere, ma.s chaque por- 
teuse portera 1.5 (8-PSK) ou deux (1 6-PSK) foil plus deformations, a technique de codage egale. ce qu. entrai- 
nera une augmentation du debit final, sans modifier le taux d'erreur associe aux donnees essent.e les. 

Le <Mbl global 0 deformations btoes sortant d un codeur source a transmenre sur un mult.plex de N 
porteuses dans un canal de bande B donne. ou B = N/ts. ts etant la duree d'un symbole 
s'ecrire : 



oi. n est le nombre de si 



3 a vis des erreurs de transmission, le 



valeursde debit 0, peuvent etre adaptees a chacune des sources riiff 4 renc iees 
II est notamment possible, avec le precede COFDM, de Adapter a ce type de sources tfirenaiea 
agissant sur le rendement R, du code associe a la source de debit D„ par exemple en utihsant des techniques 

^ u^Tpresen.edeu*^ 

pour un Lx d'erreur binaire de 1(H, en fonction de I'eftacite spectrale (en bKs/s/Hz) de la modulation, pour 
plusieurs types de modulation (4 PSK, 8-PSK, 16-QAM), dans des canaux gaussien et de Rayleigh Pour un 
Lage a 4 Lts de phase (4-PSK), on peut faire varier le rendement de 1/4 a 8/9. 1'efficacite speckle vanant 
alors de 0 5 bit/s/Hz a pres de 2 bils/s/Hz. Dans le meme temps, le taux d'erreur augmente de facon importante. 
notamment dans le cas de canaux perturbes, du type canaux de Rayleigh selecbf. D'aulre part. I eftoatS spec 
tralerestcinferieurea2bits/s/Hz. «,«,,„,•„„« ris ' 

II est done plus interessant du point de vue efficacite en puissance, de passer a des constellaf ons de 
modulation a plus grand nombre d'etats assccibs a des precedes de codage adequats selon le pnncipe des 
modulations codees en treillis de Ungerboeck (MCT). On note par exemple qu ,l faut m,eux uuhser une modu- 
labcn 8-PSK avec un rendement R = 2/3 (avec un codage MCT) qu'une modulation 4-PSK avec un rendement 
R = Le sSme e d M e Senuon permet egalement d'agfr sur le type de modulation de chaque porteuseXeUe-ci 
sera caracterisee par le nombre de bits nbi porte par etat de modulation. Une porteuse , comportera done 2- 

*' al Au debit D, correspond done en sortie du codeur un debit D/R,, a repartir sur N, porteuses 
etats, avec les relations 



N = z Nj, 
i=i 

N; = (Dj.ts)/ Rj.nbi 

On cherchera. pour etre optimal, a adapter D, el ts de facon a ce que N.soitun nombre •"fc'v. 

Si on applique le pnnoipe de la mc4 U latkm cc^ee en t«^ 
with multilevel phase skjnar (codage de canal pour signal a plusieurs niveaux de phase) EEE Transa bon 
Information theory vol. I.T.28, janvier 1982, e'est-a-dire I'association optimale de mots codes de n, - 1 bte sor- 
SE I rendement' R, = n/(n, ♦ 1 ) aux etats de ,a constellaUon de modulation 2- etats de maniere 
a maximiser la distance entre signaux, on a egalement la relation suivante . 



v ■ y 



>it encore : R, . nbi = n, 

re mots codes et etats de modulation par le codage en treillis permet. a effieacite 



spectrale egale, un gain de codage important par rapport a un systeme de modulation ayant une 
a 2" etats sans codage. 

La figure 2 presente le schema de principe d'un disposifrf d'emission de n sources de donnees S1 a Sn 
is de modulation, et done n rendements de codage R, differents. 



Apres ^operation 20, (i variant de 1 a n) de codage de chaque si 
dement R,. et d'allocation 21, optimisee d'un etat de modulation selon la methode d'Ungerboeck, on obtient 
done des symboles complexes cOj.k. appartenant a un alphabet comportant 2*i etals. Les symboles c*>, t sont 
ensurte entrelaces (22,) en temps et en frequence, puis, selon le procede connu COFDM. sub,ssent une Irans- 
formee 23 de Fourier inverse, pour foumirle signal a emettre : 



7(t) = s. i z C® ix 9jik ( t ) 

]'=- i=l xeli 

avec : card (I,) = Nj 

<p Jik (t) = gk (t - jts) pour 0 < t < ts 
gk(t) = t 2ix0a pour 0 < t 5 ts 

0 ailleurs 
f k = % + k/ts 

i : indice de 1'alphabet de modulation . 
j : indice tempore! des symboles 
k : indice des porteuses. 

A la reception, les echantaions complexes recus apres demodulation et transforms de Fourier discrete 
sont de la forme : 

Yu,ra = Hp,.<y> + rV 
ouN, k representeun bruit gaussien complexe et H,, k la reponsedu canal. 

Chaque processus de decodage. associe a I'indice i, minimise alors. selon le cntere de maximum de vra- 
semblance a posteriori, I'expression : 

III lYnPl-H^CuB I |/2o* u 
ou o^i est la variance de chaque composante de bruit gaussien complexe Nj. k . 

^invention ne se limite pas ft I'utilisation de plusieurs types de modulation. II est notamment poss,ble d u u- 
liser egalemenl la technique de poinconnage, ou toute autre technique permettant d'adapter le rendement de 
codage, avec un ou plusieurs types de modulation. 
; - La figure 3 presente le synoptique general d'une chaine demission et de reception selon I mvenbon. met- 
tanl en oeuvre plusieurs modulations, et la technique de poinconnage RCPC. 

Ce systeme realise le codage different de cinq sources de donnees S1 a S5 necesstant des nrveaux 
de protection centre les erreurs de transmission distincts et decrcssants. 

Les trois premieres sources de donnees SI, S2 et S3 sont codees selon une modulaUon 4-PSK 31,. 31, 
et 31, avec des codes poinconnes de rendements respectifs R1 = 1/4, R2 = 1/2 et R3 = 3/4 dans les codeurs 

M " L^soirade donnees S4 est bailee par un codeur 30. en treillis a rendement R4 = 2/3. et une modulation 
8-PSK 31.. et la source de donnees S5 par un codeur 30 s en treillis ft rendement RS = 5/6 et une modulation 
64-QAM 31 s (modulation d'amplitude en quadrature 4 64 etats). toutes deux bailees selon une techraque de 

les polynftmes generateurs des codeurs 30 4 et 30 5 sont identiques de facon que les 
ent etre decodees, a la reception par un seul decodeur 37. si celui-ci est realise de 
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Suivant la technique connue du codage COFDM, les differentes donnees codees sc 
transformation 32 de Fourier rapide inverse (FFT- 1 ), puis emise dans le canal 33 de trans 

A la reception, la demodulation 34 peut etre soil differentielle (pour les modulations PSK), ams, que cela 
estfait dans le systeme de radiodiffusion decrit dans les demandes de brevets francais 86.09622 etB6.13271. 
deia menlionnees, soit de facon coherente. ainsi que cela est presente dans la demande franca.se 90.01492 
du 06.02. 1990 au nom des memes deposants : II est dair qu une modulation QAM ne peut en revanche etre 
demodulee que de (aeon coherente. 

Dans ce dernier cas, une methode consiste a introduire dans le multiplex transrms un motif de synchrony 
sation frequentiel. recurrent dans le temps, permettant aux decodeurs de recuperer une reference de phase 
et/ou d'amplitude. . 

La partie reception comprend ensuite une transformation 35 de Fourier rapide (FFT). realisant I operation 
inverse de la FFT-' 32, puis le decodage proprement diL 

Le choix de polynomes generateurs de codage identiques permet de limiter le nombre de decodeurs dans 

16 ^Wns^dans I'exemple donne, les trois sources SI. S2 et S3 pourront etre decodees par le decodeur de 
Viterbi 36. Las deux sources S4 et S5 trait6es par les deux decodeurs 30 4 et 30 5 en treillis ayant les memes 
pglyn6mes. pourront aussi etre decodees par le meme decodeur 37 de Ungerboeck. 

Le systeme COFDM utilise pleinement les deux dimensions lemporelle et frequentielle par son caractere 
large bande. et grace a I'entrelaeement temps-frequenee qui. associe au precede de desentrelacemenl a la 
reception, permet d'obtenir a I'entree du decodeur I'lndependance statistique maximale des echantillons sue 
cessifs vis a vis des perturbations dues a la transmission. 

Le precede de Invention permet de ne rien perdre en lermes d'independance en frequence, s 
un multiplexage frequentiel optimal des differents peignes de porteuses associees aux differentes 

Pour cela on entrelace les differents jeux de porteuses selon I'axe frequentiel. Par exemple, dans le cas 
de trois sources differentes. le multiplexage pourra etre tel que presente en figure 4, pour les trois jeux de por- 
teuses J1.J2.J3. Dans ce cas, chacun des trois jeux de porteuses beneficie de I'lndependance en frequence, 
liee a la largeur de bande totale. 

Ainsi, le precede de invention reste optimal pour chaque source Di en lermes de puissance el d efficacite ^ 

SP6C L & ap e proche decrite par Ungerboeck, defimssant les bons codes et reposant sur I'associarion optimale des 
mots codes aux etats de la constellation selon le critere de maximisation de distance enrre s.gnaux permel 
d'organiser les performances independamment pour chacune des 
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On presente ci-dessous un exemple 0 'application enrrtre, appncaoie iim B ......<=.» » .» 

ces d'images reparties en deux trains d'elements de donnees complementaires b1 et b2. telle que decnt dans 
la demande de brevet conjointe de meme date de depot au nom des memes deposants. 

Dans ce cas. les parametres de modulation et de codage sont fixes. Les dispositifs decrits sort neanmoms" 
adaptable^ 4 un choix different de ces parametres. 

On utilise un canal de transmission idenlique a celui utilise dans le systeme de radiodiffusion sonore dejS 
realist La largeur disponible du canal de Emission est B = Wis = 7 MHz. La longueur des symboles Ts = 
80 us (comprenantla duree du signal utile ts = 64 us et un interval de garde o = 16 us). Le nombre de porteuses 
du multiplex N est alorsegal a 448. . . 

On se propose done d'utiliser deux niveaux de protection differents vis a vis des erreurs de tansmosion : 

- le premier niveau associe au premier train de donnees b1, correspond au precede qui a ete utilise lors 
de la premiere mise en oeuvre du codage COFDM dans le systeme de radiodiffusion connu. Ses parame- 

ToduTauXTe^hase a quatre etats. demodulee en coherent, soit une efficacite spectrale nb1 = 2 
elements binaires par Hertz (eb/Hz), 
. rendementde code R1 = 1/2, 

. nombre de porteuses du multiplex OFDM associe egal a N1. 
Le debit utile transmis D1 est done egal a : 

D1 = nb, x R, x (N1/ts) x (ts/Ts) = 2 x (1/2) x (N1te) x (4/5). 
Si on fixe N1 = 224. soit la moitie des porteuses disponibles on obtient un dibit utile D1 = 2.8 Mbit/s. 

- Le deuxieme niveau de protection, associe au second train de donnees b2. fart appel aux techniques 
des modulations codees en treillis (Ungerboeck) en associant plus etroitement un code en treilUs a une 
modulation a grand nombre d'etats. Ses parametres sont les suivants: . 

. modulation de phase a huit etats demodulee en coherent soit une efficacite spectrale nb, = 3 eb/Hz. 
. rendement du code R2 = 2/3, 
. le nombre de porteuses est N2. 
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Le debit utile transmis 02 beneficianl de ce deuxieme niveau de protection est egal a : 

D2 = nb2 x R2 x (N2/ts) x (Is/Ts) = 3 x (1/2) x (N2/ts) x 4/5 
Si on fixe N2 = 224.onobtient: 
02 = 5,6 Mbit/s. 

Les deux trains de donnees b1 et 62 comprennent prGferentiellement des donnees cTimportances diffe- 
rentes, notamment selon un critere psyehovisuel. Le precede de ['invention permetde transmettre les donnees 
les plus pertinentes. correspondant au train b1 . a Vaide d'u n codage suffisamment robuste. Les donnees moins 
importances du train b2 sont emises avec un niveau de protection contre les erreurs de transmission moins 
bon. ce qui est peu genant, et avec un debit utile D2 double. 

La figure 5 presente le schema de principe d'un equipement d'emission correspondant a I'exemple decrit 



Les donnees SO issues de la source sont separees en deux trains binaires b1 et b2, de debits respectifs 
D1 D2. par un module de repartition 51. 

Le premier train binaire b1 est traite de (aeon analogue a celle mise en oeuvre lors de la premiere realisation 
du systeme COFDM. On effectue done un codage convolutif 52, de rendement R1 = 1/2, puis un emplacement 
temps/frequence 53. suivi du codage binaire a signal 54. On obtient alors des donnees complexes Cy, qui sont 
traitees pour remission dans le module de modulation COFDM 56. 

Le second train binaire b2 subit un codage 57 convolutif de type Ungerboeck, ou codage en treiilis, a 
2'-' etats. k etani la longueur de contrainte, et de rendement 2/3, puis une op<5ration58 dissociation a chaque 
triplet de bits issus du codeur en treiilis 57 un signal a n de la constellation de la modulation de phase a etats 
de phase, selon la methode decrile par Ungerboeck sous le nom de "set partitioning- dans le document deja 



Le sig nal a„ peut s'ecrire : a„ = el*""-"", k t {6 7). 

Ce signal a, est ensuile entrelace en temps et frequence (59) puis dirige" vers le module 56 de modulation 
COFDM. 

De facon connue, ce module 56 realise notamment une transformation de Fourier rapide inverse, sur des 
blocs de 512 mots complexes et une conversion numerique - analogique. 

Les echantillons complexes resultants modulent ensuile une porteuse en phase eten quadrature, pourpro- 
duire le signal 60 a emettre. 

La figure 6 presente le schema de principe de requipement de recepbon complet correspondant a I'emet- 
teur decrit ci-dessus. Le signal recu 60 est trait* par le module 61 de demodulation COFDM, qui realise notam- 
ment un mtrage de canal, une demodulation sur deux voies en quadrature par rapport a sa frequence centrale, 
une numerisalion et un traitement par un processes de traitement du signal qui realise une transformation de 
Fourier rapide (FFT). . 

Une foncbon 62 d'estimation des porteuses du multiplex OFDM permet de reahser la projection 63 sur les 
deux axes du plan complexe. a I'aide des mots de synchronisation frequentielle, de facon a effectuer une demo- 
dulation coherenle. 

Les deux trains b1 et b2 d'information sont ensuite decodes separemenL Le train b1 sub.t un desentrela- 
cement lemps-frtquence 64, puis est decode par un decodeur de Viterbi 65. Le second train b2 est egalement 
desentrelace (66) en temps et enfrequence, et decode par un decodeur de Ungerboeck 67. Les donnees issues 
des deux decodeurs 65 el 67 sont ensuite regroupees, par un multiplexer 68, de facon a foumir le signal 69 
de donnees cornplel 

Dans Texemple decrit. concemant la diffusion d'images numeriques. il est possible de realeer un second 
type de recepteur, plus simple, ne comprenant que le traitement lie au train d'information b1. Si la repartibon 
entre les deux trains b1 et b2 est realisee de facon judicieuse. il est en effet possible de reconstruire des images 
a I'aide du seul train b1. Evidemment. ces images seront de qualite inferieure, mais cependant, acceptable, 
notamment sur des ecransde petite taffle." 

Ces recepteurs utilisant le seul train b1. qui est code de facon plus robuste. peuvent en particular etre 
utilises dans des conditions de reception diflicle*. Idles que la reception dans des mobiles en milieu urbain. 
■ st dair que I'exemple decrit ckjessus n'est nullemenl limitatjf de rinvention. Le nombre de s 

. r- J I^IUn^nr^c nont Aire miele 
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d'infonnation ou de trains de donnees a trailer avec des niveaux de protection distincts. peut etre quelconque. 
Le niveau de protection peut etre adapte soil en agissant sur le rendement de code utilise, soil sur le type de 
modulation. Par ailleurs. Invention ne s'applique pas seulement a la diffusion d'images numeriques. ma ega- 
lement a la diffusion sonore, et, plus generalemenL a la diffusion de tout type ^informations mimenques. Elle 
permet de trailer de facon drfterenciee aussi bien des sous-ensembles d'un meme programme, que des pro- 



permet di 

grammes completement ind6pendants. _„,„„„ 
Dans un aube mode de reason, la modulation et/ou le rendement de codage affectes a chaque porteuse 
ou jeu de porteuses peul etre variable, par exemple en fonction de rimportance des informations a transmettre 
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4 chaque instant. De facon a permettre aux recepteurs de connatlre la modulation et/ou le rendement selec- 
tionnes on genere a remission des donnees d'assistance. Ces donnees d'assistance do.vent permettre au 
recepteur de fonctionner. en particulier dans le cas de reception sonore ou audiovisuelle. des qu'il est ms en 
fonction. Cela peut etre realise, par exemple. par I'affectation de certaines porteuses a la transmission des don- 



Revendications 

1. Dispositif de transmission de donnees numeriques a au moins deux niveaux de protection, du type assurant 
la repartition des donnees a transmettre sous forme d'elements numeriques dans I'espace «emps-fre- 
quence et remission de symboles constitues chacun d'un multiplex de N porteuses orthogonales modules 
■ desdts elements numeriques et transmis simultanement, caracterise en ce qu'il comprend des 
moyeni e d U e codage canal comprenant au'moins deux types de modulation (20..21,; 31,) et/ou au moins deux 



2 Dispositif selon la revendication 1. caracterise en ce que ledil multiplex de N porteuses est dmse en au 
moins deuxjeuxde porteuses (J1.J2.J3), a chacun desditsjeux etantaffecte un type de modulation <Z0,. 
21, ; 31,) different et/ou un codage (30,) avec rendement de codage different. 

3. Dispositif selon la revendication 2. caracterise en ce que lesdits jeux de porteuses (J1.J2.J3) sent entre- 
lac&s selon I'axe frequentiel. 

4 Dispositif selon I'une quelconque des revendications 1 a 3. caracterise en ce qu'il comprend. pour au moins 
une desd'rtes torteuses. des moyens de selection entre au moins deux types de modulation (20..21, ; 31.) 
et/ou entre au moins deux rendements de codage (300 en foncnon du debit de transmission et des pertur- 



S Disposrtif selon la revendication 4. caracterise en ce qu'D comprend des moyens de generation de donnees 
d'assistance permetlant. dans des recepteurs. de connaitre pour chaque train de donnees numenques 
rccu. les types de modulation et/ou les rendements de codage (30,) selectionnes correspondants. 

6. Dispositif selon I'une quelconque des revendications 1 a 5. caracterise en ce que lesdits types de modu- 
lation (20,,21| ; 31,) sont des modulations de phase et/ou d'amplitude. 

7 Dispositif selon Tune quelconque des revendications 1 a 6. caracterise en ce que lesdits niveaux de ren'- 
dementde codage (30J sontobtenus pardesmoyens de poiconnage a rendement variable du code source. 

8 Dispositif selon I'une quelconque des revendications 1 a 7, caracterisfe en ce qu'il comprend. pour au moins 
une desdites porteuses. des moyens (57) dissociation optimale des elements numeriques codes auxelals 
de la constellation de la modulation, selon la technique dite des modulations codees en treJIis. 

9. Dispositif selon I'une quelconque des revendications 1 a 8. caracterise en ce qu'B comprend des moyens 
d'insertion d'un motif de synchronisation frequentiel recurrent dans le temps, permetlant d effectuer une 
demodulation coherente (62.63) dans lesdits recepteurs.. 

10. DisposWf selon I'une quelconque des revendications i a 9. caracterise en ce qu'il comprend au moins deux 
codeurs canal (30 4 .30 5 ) utilisant des polynomes generaleurs identiques. 

11. Dispositif de reception de donnees numeriques transmises selon le dispositif de I'une quel ««M* 
revendications 1 a 9, caracterise en ce qu'il comprend autant de decodeurs (36.37) que ledit dispos.bf de 
transmission comprend de codeurs ayant des polynomes generaleurs differents. 



EP 0 448 492 A1 




SI 20! 211 r (D 22) 



si ; 2oi 



-CO ; 22i 



x(t) 

7 



Sn • 20n 2 In." _(n) I 22n 



Fig. 2 



0 • 9 



52 S3 54 



HIH 



A- 



b2 57 58 59 



Fig. 5 



63 64 65 



56 Z>1 



62 



Fig. 6 



o 



RAPPORT DE RECHERCHE EUROPEENNE 



DOCUMENTS CONSIDERS COMME PERTINENTS 



ITG TAGUNG: "Digitale 
Sprachverarbeitung", 26-28 octobre 
1988, pages 23-30; R.V. COX et al.: 
"Combined subband source coding and 
involutional channel coding" 
Page 23, paragraphe 4 - page 24, 
paragraphe 2 * • 

EBU REVIEW - TECHNICAL, no. 224, aout 
1987, pages 168-190, Brussels, BE; R. 
LAS SALLE et al.: "Principles of 
modulation and channel coding for 
digital broadcasting for mobile 

* Page 169, colonne de droite, alinea 2 
- page 170, colonne de droite, alinea 

page 178, colonne de droite, aline'as 
S-7 * 

IEEE INTERNATIONAL CONFERENCE ON 
COMMUNICATIONS 1985, 23-26 juln 1985, 
CONFERENCE RECORD, vol. 2, pages 
661-665, IEEE, New York, US; B. 
HIROSAKI et al.: "A 19.2 Kbps voiceband 
data modem based on orthogonally 
multiplexed QAM techniques" 

* Abre"ge; page 663, colonne de gauche, 
paragraphe 1 * 



DOMALNES T£CHM01jXS 
HECHniCHES (ULCUS) 




This Page is Inserted by IFW Indexing and Scanning 
Operations and is not part of the Official Record 

BEST AVAILABLE IMAGES 

Defective images within this document are accurate representations of the original 
documents submitted by the applicant. 

Defects in the images include but are not limited to the items checked: 

□ BLACKBORDERS 

^</lMAGE CUT OFF AT TOP, BOTTOM OR SIDES 

□ FADED TEXT OR DRAWING 

□ BLURRED OR ILLEGIBLE TEXT OR DRAWING 

□ SKEWED/SLANTED IMAGES 

□ COLOR OR BLACK AND WHITE PHOTOGRAPHS 

□ GRAY SCALE DOCUMENTS 

□ LINES OR MARKS ON ORIGINAL DOCUMENT 



^KEFERENCE(S) OR EXHIBIT(S) SUBMITTED ARE POOR QUALITY 
□ OTHER: ■ ■ , . 



IMAGES ARE BEST AVAILABLE COPY. 
As rescanning these documents will not correct the image 
problems checked, please do not report these problems to 
the IFW Image Problem Mailbox. 




Europiilsches Patentamt 
© AMI European Patent Office 



© Publication m 



0 485 108 A2 



© EUROPEAN PATENT APPLICATION 

© Wta^MMiU © *«H04L 27/00, H04N 7/08 



D Date of filing: 30.10.91 



© Priority. 07.11.90 US .611200 


© Applicant AMERICAN TELEPHONE AND 
TELEGRAPH COMPANY 


© Date of publication of application: 
13.0532 Bulletin 92/20- 


550 Madison Avenue 
New York, HY10022{US) 


© Designated Contracting States: 
DE FR GB NL 


© Inventor. Wei, Lee-Feng 
200 Yale Drive 

UneroH, New Jersey 07738(US) 

© Representative: Buckley. Christopher Simon 
Thlrsk et al 

AT&T (UK) LTD. 6 Morntngton Road 
Woodford Green, Essex IGB OTU(QB) 



© Coded modulation with unequal levels of error protection. 

© Digital signals, such as digitized Revision * mapping step wtoh is ^ 

n*. are « to a source coding step In «*» Jose -*£j££ > £ 'J^ J the 

on to be communicated than the rest o< the modulation In order to provide enmncw n 




II 



BEST AVAILABLE COPY 



o 



o 



EP 0 485 108 A2 



Backgrounil of the Invention 



The present Invention relates to tha transmis- 
sion of digital data, particularly the transmission ot 
digital data which represents video signals. 

It is generally acknowledged that some form of 
digital transmission will be required for the next 
generation of television technology, conventionally 
referred to as high definition television, or HDTV. 
This requirement is due mostly to the fact that 
much more powerful video compression schemes 
can be Implemented with digital signal processing 
than with analog signal processing. However, there 
has been some concern about getting committed 
to an all-digital transmission system because of the 
potential sensitivity of digital transmission to small 
variations in signal-to-noise ratio, or SNR, at the 
various receiving locations. 

This phenomenon-sometimes referred to as 
the "threshold etfect"-can be illustrated by consid- 
ering the case of two television receivers that are 
respectively located at 50 and 63 miles from a 
television broadcast station. Since the power ol the 
broadcast signal varies roughly as the inverse 
square of the distance, It Is easily verified that the 
difference in the amount of signal power received 
by the television receivers is about 2 dB. Assume, 
now, that a digital transmission scheme is used 
and that transmission to the receiver that is 50 
miles distant exhibits a bit-error rate of lO -4 . If the 
2 dB of additional signal loss tor the other TV set 
translates into a 2 dB decrease of the SNR at the 
input of the receiver, then this receiver will operate 
with a bit-error rate of about 10-. With these kinds 
ol bit-error rates, the TV set that is 50 miles away 
would have a very good reception, whereas recep- 
tion for the other TV set would probably be very 
poor. This kind of quick degradation In perfor- 
mance over short distances is generally not consid- 
ered acceptable by the broadcasting Industry. (By 
comparison, the degradation in performance for 
presently used analog TV transmission schemes Is 
much more graceful.) 

There is thus required a digital transmission 
scheme adaptable tor use in television applications 
which overcomes this problem. Solutions used in 
other digital transmission environments-such as 
the use of a) regenerative repeaters In cable-based 
transmission systems or b) fall-back data rates or 
conditioned telephone lines in voiceband data 
applications-are clearly inapplicable to the free- 
space broadcast environment of television. 

An advantageous technique for overcoming the 
shortcomings of standard digital transmission lor 
over-the-air broadcasting of digital TV signals- 
-developed by employees of the assignee hereof- 
-comprises a particular type of source coding step 
followed by a particular type of channel mapping 



step. More specifically, the source coding step 
causes the television signal to be represented by 
two or more data streams while, in the channel 
mapping step, the mapping Is such that the data 

s elements of the various date streams have differing 
probabilities ot being erroneously detected at the 
receiver. Illustratively, a first one of the aforemen- 
tioned data streams carries components of the 
overall television signal which are regarded as the 

io most Important-tor example, the audio, the framing 
information, and tho vital portions of the video 
Information-and that data stream Is mapped such 
that its data elements have the lowest probability of 
error. A second one of the data streams carries 

is components of the overall television signal which 
are regarded as less important thsn those of the 
first data stream and thai data stream is mapped 
such that Its data elements have a probability of' 
error that is not as low as those of the first date 

so stream. In general. It Is possible to represent the 
overall television signal with any number of data 
streams, each carrying components of varying im- . 
portance and each having a respective probability 
of error. This approach allows a graceful degrada- 

js tion in reception quality at the TV set location 
because, as the bit error rate at the receiver begins 
to increase with increasing distance from the 
broadcast transmitter, it will be the bits that repre- 
sent proportionately less of the TV signal informa- 

Summery o( the Invention . 



In accordance, with the present Invention, I 

35 have devised a scheme which implements the 
above-doscribed overall conccprl of providing dif- 
ferent levels ol error protection lor different classes 
of data elements generated by the source encod- 
ing step-but which provides enhanced noise im- 

«> munity vie the use of coded modulation, such as 
trellls-coded modulation. 

In preferred embodiments of the invention, In 
particular, the symbols in a predetermined 2N- 
dimensional channel symbol constellation. Nil, 

« are divided into groups, each ol which is referred 
to herein as a "supersymbol." During each of a 
succession of symbol Intervals, a predetermined 
number of the most important data elements are 
channel encoded, and the resulting channel coded 

60 data elements identify a particular one of the 
supersymbors. The remaining data elements, which 
may also be channel encoded, are used to select 
for transmission a particular symbol from the iden- 
tified supersymbol. 

6S The approach as thus far described is similar 
in a general way to conventional coded modulation 
schemes in that the latter also divide the channel 
symbols into groups, typically referred to as 
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"subsets." However, the prior art subsets are 
formed under the constraint that the minimum Eu- 
clidean distance (hereinafter referred to as the 
"minimum distance") between the symbols in a 
subset is greater than the minimum distance be- 
tween the symbols in the constellation as a whole. 
In accordance with the present invention, however, 
the minimum distance between the symbols ot a 
supersymbol Is the same as tho minimum distance 
between the symbols in the constellation as a 
whole. It is this distance property which allows for 
greater amount erf noise immunity for the most 
important data elements than for the other data 
elements, that immunity being optimized by keep- 
ing the minimum distance between supersymbols 
as large as possible-usually greater than the mini- 
mum distance of the constellation. Specifically, 



FIG. 12 depicts yet another signal constellation 
that can be used in the transmitter of FIG. 1; 
FIG. 13 shows another type of trellis encoder 
man can be used in the transmitter of FIG. 1; 
FIG. 14 depicts yet another signal constellation 
that can bB used in the transmitter of FIG. 1: 

FIG. IS shows how a bit Interleave can be 
added to one of the channel encoders In the 
transmitter of FIG. 1 to provide enhanced im- 
pulse noise Immunity. 



with a description of the 
embodiments, it should be noted that 



o design codes for the n 



it important data ele- 
s between the super- 
symbols. i.e., as though each supersymbol were a 
conventional symbol in a conventional constellation. 
This being so, a particular degree of noise immu- 
nity can be achieved for the most important data 
elements that is greater than what can be achieved 
lor the other data elements. 

indeed, a tradeoff is involved in that those 
other data elements suffer a coding loss, I.e., a 
somewhat lessened noise Immunity. Importantly, 
however, the coding gain that can be achieved for 
the most Important data elements is greater than 
that which can be achieved using conventional 
coded modulation schemes. 

Brief Description of the Drawing 



In the drawing. 

FIG. 1 is a block diagram of a transmitter em- 
bodying the principles of the invention; 
FIG. 2 is a block diagram of a receiver for 
transmitted signals transmitted by the transmit- 
ter of FIG. i; 

FIG. 3 depicts a prior art signal constellation; 
FIG. 4 depicts a signal constellation Illustratively 
used by the transmitter ot FIG. 1; 
FIG. 5 shows a bit assignment scheme tar the 
constellation of FIG. 4; 

FIG. 6 shows a type of trellis encoder that can 
be used in the transmitter of FIG. 1 ; 
FIG. 7 is a table comparing the performance of 
the various illustrative embodiments or the in- 
vention disclosed herein; 
FIG. 8 depicts an alternative signal constellation 
that can be used in the transmitter of FIG. 1: 
FIGS. 9-11, when taKen together, show another 
type of trellis encoder that can be used in the 
:rotFlG. 1; 
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herein-with the exception, of course, of the inven- 
tive concept ilself-are all well known in, for exam- 
ple the digital radio and voiceband data transmis- 
sion (modem) arts and thus need not be described 
in detail herein. These include such concepts as 
multidimensional signaling using 2N-dimensional 
channel symbol constellations, where N is some 
Integer; trellis coding; scrambling; passband shap- 
ing; equalization; Viterbi. or maximum-likelihood, 
decoding: etc. These concepts are described in 
such U.S. patents as U.S. 3,810,021, Issued May 7, 
19 74 to I. Kalet Bt al.; U.S. 4,015,222. issued March 
29, 1977 to J. Werner, U.S. 4.170.764. Issued Oc- 
tober 9, 1979 to J. Salz et a),; U.S. 4.247.940, 
Issued January 27. 1981 to K. a Mueller et al.; 
US 4 304 962, issued December S, 1981 to n. u. 
Fracas'si et al.: U.S. 4,457.004, issued June 26, 
5 1984 to A. Gersho et al.; U.S. 4,489,418, issued 
December 18. 1884 to J. E. Maze; U.S. 4.520 490. 
issued May 28. 1985 to L. Wei; and U.S. 4.697.030. 
issued June 24. 1986 to G. D. Forney, Jr.-aH °1 
which are hereby Incorporated by reference. 
, Turning now to FIG. 1 . video signal source 101 
generates an analog video signal representing pic- 
ture information or "intelligence" which s.gnal is 
passed on to source encoder 104. The latter gen- 
erates a digital signal in which at least one subset 
» of the data elements represents a portion of the ■ 
information, or intelligence, that Is more Important 
than the portion of the Information, or intelligence, 
represented by the rest ol the data elements Illus- 
tratively, each data element is a data bit. with m + K 
60 information bits being generated for each of a 
succession of symbol intervals. The symbol inter- 
vals are comprised of N signalling intervals, where 
2N is the number of dimensions of the constellation 
(as described below). The signaling intervals have 
e» duration of T seconds and, accordingly, tho symbol 
•.„h>™i, «„h have a duration of NT seconds. In 
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embodiments using two-dimensional constellations. 
i.e., N = 1, then of course the signaling Intervals 
and the symbol intervals are the same. 

Of the aforementioned m+k information bits, 
the bits within the stream of m bits per symbol 
interval, appearing on lead 105, are more Important 
than the bits within the stream of k bits par symbol 
interval, appearing on lead 106. Two examples of 
how one might generate a television signal of this 
type are given hereinbelow. 

The bits on leads 105 and 106 are indepen- 
dently scrambled in scramblers 110 and 111, which 
respectively output m and k parallel bits on leads 
112 and 113. (Scrambling is customarily carried 
out on a serial bit stream. Thus although not explic- 
itly shown in FIG. 1. scramblers 110 and 111 may 
be assumed to perform a parallel-to-serial conver- 
sion on their respective input bits prior to scram- 
bling and a serial-to-parallel conversion at their 
outputs.) In accordance with the invention, as de- 
scribed more fully hereinbelow, the respective 
groups of bits on leads 112 and 113 aro extended 
to channel encoders-illustratlvely trellis oncodsrs- 
-114 and 115 which generate, for each symbol 
interval, respective expanded groups of the ex- 
panded r and p bits on leads 121 and 122, where r 
> m and p > k. The values of those bits jointly 
Identify a particular channel symbol of a predeter- 
mined constellation of channel symbols (such as 
the constellation of FIG. 4 as described In detail 
hereinbelow). Complex plane coordinates of the 
identified channel symbol are output by constella- 
tion mapper 131, illustratively realized as a lookup 
table or as a straightforward combination of logic 
elements. Conventional passband shaping and tele- 
vision modulation are then performed by passband 
shaper 141 and television modulator 151, respec- 
tively. The resultant analog signal is then broadcast 
via antenna 152 over a communication channel, in 
this case a free-space channel. 

In order to understand the theoretical underpin- 
nings of the invention. It will be useful at this point 
to digress to a consideration of FIG. 3. The latter 
depicts a standard two-dimensional data transmis- 
sion constellation of the type conventionally ussd in 
digital radio and voiceband data transmission sys- 
tems. In this standard scheme-conventionally re- 
ferred to as quadrature-amplitude modulation 
(QAM)-data words each comprised of four informa- 
tion hits are each mapped Into one of IB possible 
two-dimensional channel symbols. Each channel 
symbol has an in-phase. or I, coordinate on the 
horizontal axis and has a quadrature-phase, or Q, 
coordinate on the vertical axis. Note that, on each 
axis, the channel symbol coordinates are i 1 or ± 3 
so that the distance between each symbol and 
each of the symbols that are horizontally or verti- 
cally .adjacent to It is the same for all symbols-that 



distance being "2". As a result of this unilorm 
spacing, essentially me same amount ol noise Im- 
munity is provided for all four information bits. 
As is well known, it Is possible to provide 

5 improved noise immunity without sacrificing band- 
width efficiency (information bits per signaling inter- 
val) using a coded modulation approach in which 
an "expanded" two-dimensional constellation hav- 
ing more than (in this example) 16 symbols is used 

)0 in conjunction with a trellis Dr other channel code. 
For example, my above-cited "480 patent discloses 
the use of a 32-symbol, two-dimensional constella- 
tion together with an 8-state trellis code. That cod- 
ed modulation scheme achieves approximately 4 

>s dB of enhanced noise immunity over the uncoded 
case of FIG. 3, while still providing for the transmis- 
sion of four Information bits per signaling interval. 
Here, too, however, essentially the same amount of 
noise immunity is provided for all four Information 

in accordance with the invention, the known 
noise immunity and bandwidth efficiency advan- 
tages of coded modulation are achioved while pro- 
viding different levels of error protection to different 

26 classes of bits. Specifically, I have discovered that 
it is possible to achieve a level of error protection 
for a class of "most important" bits which Is sub- 
stantially greater than what can be achieved with 
the aforementioned conventional coded modulation 

30 approach. Indeed, the transmitter of FIG. i em- 
bodies the inventive concept, as will now be de- 
scribed in further detail. 

The constellation used in the transmitter of 
FIG. 1 Is illustratively the two-dimensional 64-sym- 

ss bol constellation shown in FIG. 4 (each symbol is 
represented as a dot In the figure). In accordance 
with the invention, the symbols in the signal con- 
stellation are divided into groups which I refer to as 
"supersymbols." Specifically, the constellation of 

<a FIG. 4 is divided Into 2' = 2' = 8 supersymbols. 
Four of the supersymbols. labeled 000.011. 100 
and 111, are each comprised of eight contiguous 
channel symbols assigned to that supersymbol. 
The other four supersymbols, labeled 001, 010, 

46 101 and 110. are each comprised of two non- 
contiguous groups, each comprised ol lour contig- 
uous channel symbols. (The use of such two-group 
supersymbols allows 1he overall constellation to 
have, for example, better signal-to-noise ratio, low- 
er) er peak-to-average power ratio and better sym- 
metry than would otherwise be possible.) 

In this oxamplo, m = k = 2. That is, 50% of 
the bits are In the class ol most Important bits. 
Each of encoders 114 and 115 adds one redundant 

ss bit. so that r = p - 3. The r = 3 bits on lead 121 
identily one of the eight supersymbols and the p = 
3 symbols on lead 122 select a particular one of 
the eight channel symbols within the Identified 
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suporsymrjol. In accordance with an important as- 
pect ol the invention, the minimum distance be- 
tween the symbols of a supersymbol-that distance 
being denoted 4-is the same as the minimum 
distance between the symbols in the constellation 
as a whole. Indeed, it can be verified by observa- 
tion that this criterion is satisfied in FIG. 4. Given 
this characteristic, increased noise immunity for the 
most important bits can be provided via appro- 
priate selection ol a) the codes implemented by 
encoders 114 and 115 and b) the ratio o" 
i/02-where di is the minimum distance between 
the suporsymbols. (The parameter di is given by 
the minimum of the distances between all the pairs 
ol supersymbols. In turn, the distance between any 
pair of supersymbols Is the minimum distance be- 
tween any symbol of one of the pair of supersym- 
bols and any symbol of the other.) 

Specifically, a coded modulation scheme can 
now bo constructed for the most important bits as 
though the eight supersymbols were eight conven- 
tional symbols In a conventional constellation. (It is 
true that in a conventional constellation a symbol 
cannot bo divided into halves, as is the case for 
supersymbols 001. 010, 101 add 110. However, for 
the purpose of coding design, one may treat each 
of the halved supersymbols as being located in 
only ono of its two positions.) To design such a 
coded modulation scheme, the eight supersymbols 
are partitioned, as is conventional, into a predeter- 
mined number of subsets and an appropriate code 
is used to encode some of the most Important 
input bits to generate a stream of coded output bits 
which define a sequence of subsets. The remaining 
most important input bits are then used to select a 
supersymbol from each Identified subset. In this 
particular example, each subset contains only a 
single supersymbol, i.e., there aro eight subsets, 
and all most important input bits— l.e, the two bits 
on lead 112-are encoded. Thus the Identification or 
a particular subset also identifies a particular super- 
symbol. It is from this particular supersymbol that 
the symbol that is ultimately to be transmitted will 
be selected as a function of the other, or less 
important, bits. 

Importantly, it will be appreciated that this ap- 
proach achieves-by virtue of the partitioning and 
code selected-a particular degree of noise Immu- 
nity for the most important data elements that is 
greater than what can be achieved tor the less 
important data elements and, indeed, is greater 



n. all other things being equal. 



least some of the less important bits are encoded 
to identify a particular subset of symbois within a 
supersymbol and. if the subset contains more than 
one symbol, any remaining bits are used to select 
a particular one of those symbols. (The arrange- 
ment of the symbols within a supersymbol should, 
of course, be chosen jointly with encoder 115 to 
maximize its coding gain.) Again In this example, 
there are eight subsets ol symbols within each 
supersymbol. i.e., one symbol per subset and both 
of the less important bits on lead 113 are encoded. 
Thus the three coded bits on lead 122 identify, at 
one and the same time, both a subset and a 
specific symbol from the earlier identified super- 
symbol. 

A particular illustrative embodiment for both 
encoders 114 and 115 Is shown In FIG. 6. (In this 
FIG., the boxes labelled T" are T-second delay 
elements, the circles labelled • + " are exclusrve-or 
gates, and the two-input gates are AND gates, one 
ol which has one of its inputs Inverted.) As noted 
above, the 3-bit output ol encoder 114 identifies a 
particular supersymbol. Specifically, the bit values 
"110" output by encoder 114 on its three output 
leads (reading from top to bottom in FIG. 6) iden- 
tifies the supersymbol labeled 110 in FIG. 4, and 
so forth for each of the seven other possible bit 
patterns. Additionally, the 3-bit output of encoder 
115 selects a particular symbol within the identified 
, supersymbol. In particular, the assignment of bit 
values to particular channel symbols within the 
supersymbols is shown in FIG. 5 for the upper right 
quadrant of the FIG. 4 constellation. The bit assign- 
ment scheme tor the other three quadrants are 
; arrived at by simply rotating FIG. 5. Thus, for . 
example, the bit values "001" output by encoder 
115 on its throe output leads (reading from top to 
bottom) identifies the channel symbol labeled 001 
in the identified supersymboMhere being one such 
o symbol in each supersymbol. 

Given the use of the particular trellis code 
implemented by the encoder of FIG. 6, various 
operational parameter tradeoffs can be achieved by 
varying the values of d, and <k- Two possibilities . 
« tor the constellation of FIG. 4 are shown In the 
table of FIG. 7. In particular, with di/Cfc = Z.5, a 
coding gain of 5.7 dB (measured, relative to an 
uncoded 16-QAM scheme such as shown in FIG. 
3-which has the same bandwidth efficiency as the 
so current example-at a block error rate of 10"* lor a 
block size of 1,000 bits) is achieved for the most 
important bits at a cost of a coding gain of -2.8 dB 
(i.e.. a coding loss) tor the less Important bits. 
Alternatively, with d,/<t = 3.5, a coding gain of 8.8 
!5 dB is achieved tor the more important bits at a cost 
of a coding gain of -4.6 dB for the less important 
bits. The peak-to-average power ratio Is about "2" 



II 



9 EP 0 485 108 A2 10 



(as it Is tor all the examples described herein), 
which is comparable to that achieved with conven- 
tional uneoded modulation. 

Turning now to the receiver of Fie. 2, the 
analog broadcast signal is received by antenna 
20t, is subjected to conventional television front- 
end processing including, tor example, demodula- 
tion in processing unit 211, and Is converted to 
digital form by A/D converter 212. The signal Is 
then equalized by passband channel equalizer 221 
and passed on parallel rails 222 and 223 to chan- 
nel decoders 231 and 232. Each of the channel 
decoders, is. illustratively, a maximum likelihood 
decoder, such as a Vlterbi decoder. Spedflcally. 
the function of channel decoder 231 i3 to identify 
the most likely sequence of supersymbols, while 
the function ot channel decoder 232 is to identify 
the most likely sequence of symbols, given that 
sequence of supersymbols. Thus, decoder 231 has 
stored within it information about the code used by 
channel encoder 114, while decoder 232 has 
stored within it information about the code used by 
channel encoder 115. Additionally, between the two 
of them those two decoders have stored within 
them information about tha constellation being 
used and the manner in which the symbols are 
assigned to their respective supersymbols. 

In channel decoder 231 , the first step of decod- 
ing is to find the supersymbol or half supersymbol 
in each subset that is closest to the received 
symbol-such as the point denoted "A" in FIGS. 4 
and 5. In this case, It will be remembered, there is 
only one supersymbol per subset. Channel de- 
coder 231 assumes a specific single location in the 
signal space for each supersymbol or half super- 
symbol. Three such locations, denoted with a 
dashed "x". are shown in FIG. 4. The other loca- 
tions are placed similarly. The distance between 
that supersymbol or half supersymbol and the re- 
ceived symbol Is then determined. (The distance 
between the received symbol and a supersymbol 
or hall supersymbol is the distance between the 
former and the previously defined location of the 
latter.) After this, decoding proceeds to find the 
most likely sequence of transmitted supersymbols 
in just the same way that a Vlterbi decoder op- 
erates In a conventional coded modulation system 
to find the most likely sequence of conventional 
symbols. 

The operation of channel decoder 232 win be 
explained with reference to FIG. 5. The first step is 
to rotate the received symbol by an Integral mul- 
tiple of 90 degrees so that the resulting symbol Is 
always in. say. the so-called first quadrant, which Is 
the quadrant depicted In FIG. 5. It is then deter- 
mined whether the rotated symbol is closer to 
supersymbol O00. or one of the first-quadrant 
halves of supersymbols 001 and 101. After this, for 



each subset of symbols of the supersymbol or two 
supersymbol halves (in this decoding procedure, 
these two supersymbol halves are treated as if 
they belonged to the same supersymbol), the sym- 
s bol that Is closest to the rotated symbol is iden- 
tified and the distances between them are cal- 
culated. This information is then used by channel 
decoder 232 to Identify— lor the purpose ot re- 
covering the less important bits-the most likely 

10 sequence of transmitted symbols. Alternatively 
stated, this determination of the most likely se- 
quence of transmitted symbols is used only for 
purposes of extracting the less Important bits. The 
more Important bits are recovered from channel 

rs decoder 231 as described above. 

An alternative way of realizing decoder 232 Is 
to wait for decoder 231 to form Its decision as to 
the identity of each supersymbol and then use this 
information in the recovery of the less important 

20 bits. (No rotation would be required In this case.) 
Such an approach has the potential advantage of 
allowing one to use a more complex code for the 
less important bits-and thereby achieve greater 
noise immunity tor them-but at a cost of increased 

25 receiver processing delay. 

Decoding In the case whore multi-dimensional 
symbols are used-such as the four-dimensional 
examples described below-is carried out in a simi- 
lar manner, as will be appreciated by those skilled 

so in the art 

The bits output by decoders 231 and 232 are - 
descrambled by descramblers 241 and 242, which 
respectively perform the inverse function ot scram- 
blers 110 and 111 in the transmitter. A video signal 

35 formatted so as to be displayable by, tor example, 
a CRT display is then generated from the descram- 
bler outputs by source decoder 253, thereby re- 
covering the original video Information, or intel- 
ligence. That signal is then applied to CRT display 

« 2(30. 

Numerous variations of the invention are possi- 
ble. Consider, for example, the two-dimensional 
constellation of FIG. 8, which is comprised of four 
supersymbols each being comprised, in turn, of 

45 eight symbols. This constellation could be used in 
a system having m = 1, k = 2-l.e., the bandwidth 
efficiency Is three information bits per signaling 
interval end the most important bits constitute 
333% of the total-and In which each channel 

50 encoder introduces one redundant bit, i.e., r = 2 ) 
and p = 3. However. In order to Increase the 
bandwidth efficiency, this same constellation oan 
be used as the basis of a four-dimensional code 
which supports four information bits per signaling 

oe interval. 

Specifically, the tour-dimensional constellation 
is constructed by concatenating the constellation of 
FIG. 8 with itself so that each four-dimensional 
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symbol is comprised ot a first point selected from 
the two-dimensional constellation concatenated 
with a second such point. (We herein use the word 



sional constellation ot F1S. 8, thereby differentiating 
it from the overall coded entity, which we consis- 
tently refer to herein as a "symbol," no matter what 



a similar way.) For this lour-dimen- 



» 3. k = 5 



d 115. re 



or each symbol interval ol duration 2T. This 
provides an average of four information bits per 
signaling interval (or eight information bits per sym- 
bol interval). The more important bits in this case 
constitute 3/(3+5) = 3/8 = 37.5% of the informa- 
tion bits. 

FIG. 9 shows the structure of channel encoders 
114 and 115 for this four-dimensional embodiment. 
Encoder 114 adds.a single redundant bit to its 3-bit 
input to provide a pair of 2-bit outputs which re- 
spectively identify first and second superpoints 
from FIG. 8. The first point of the four-dimensional 
symbol to be transmitted is to be selected from the 
first such superpoint and the'second point of the 
four-dimensional symbol to be transmitted is to be 
selected from the second such superpoint. 

The less important bits are used to provide 
such selection. Specifically, encoder 115 adds a 
single redundant bit to the 5-bit Input on lead 113 
to provide two 3-bit outputs which, as just noted, 
respectively select specific points from the first and 
second superpoints identified by encoder 114. 

Specilic circuitry for carrying out the actual 
encoding within channel encoders 114 and 115 Is 
shown in FIG. 10, the bit converter of which op- 
erates In accordance with the table of FIG. 11. 

The relative performances achieved for this 
embodiment with various values of rt /oi are st 



n FIG. 7. Note that if o 



A further protection against impulse noise lor 
the most important bits in coded modulation 
schemes based on constellations of the type of 
FIG. B can be achieved by rearranging the bits that 
are output by channel encoder 114 so that bits that 
are generated in proximity to one another by the 
encoder are separated from one another as much 
as possible, given that the system delay con- 
straints are met. To this end. channel encoder 114 
may include a bit interleaver. which performs such 
rcarrangment, as shown In FIG. 15. (In the receiver, 
a complementary de-interleaver will, of course, be 
e channel decoder 231.) On the one 
n be shown that for coded modulation 



>s of supersymbols Is the same (with 
the possible exception of a scaling factor) as the 
Hamming distance between the sequences of bits 



scheme Just described-such rearrangement of the 
bits does not degrade the performance of the code 
against additive white Gaussian noise. On the other 
hand, however, such rearrangement provides an 
enhanced immunity against impulse noise. This Is 
a result ol the bursty nature ot impulse noise. 
(Enhanced impulse noise immunity can also be 
achieved (or coded modulation schemes which do 
not meet the above criteria-such as the various 
other schemes disclosed herein-by rearranging the 
two-dimensional signal points before transmitting 
them. This approach Is somewhat less effective, 
however, 1han when the bits are rearranged.) 

As another alternative, consider, for example, 
the two-dimensional constellation ot FIG. 12. which 
is comprised of eight supersymbols each being 
comprised, in turn, of four symbols. This constella- 



e the 



most important bits constitute a lower percentage 
of the total-37.5% in this ombodiment compared 
to 50% for the first embodlment-a greater coding 
gain can be achieved tor such bits. 

A further characteristic of coded modulation 
schemes based on FIG. B-wNch Is Independent of 
the dimensionality of the overall code-Is that it 
allows (or the use of coded modulation schemes 
which are expected to provide greater immunity 
against impulse noise for the most important bits 
than other constellations, such as that shown to 
FIG. 4 and FIG. 12 (the latter being -described 
below). The reason is that the positions of the 
various superpoints relative to one another can be 
defined based solely on angular, es opposed to 



le having m = 2, k = 1-i.e., t 

efficiency is three Information bits per signaling 
interval and the more important bits constitute 
66.7% of the total-and in which each channel 



crease toe bandwidth efficiency, this same con- 
stellation can be used as the basis ot a four- 
dimensional code. Here we would have m = 5 and 
n average of four information bits per 
nterval. The more important bits In this 



bits. It will be epprecieted that this er 
similar to that previously described BXCBpt that the 
channel encoders for the most- and less-important 
bits are exchanged. Finally, it may be noted from 
FIG. 7 that the increased percentage of most im- 
portant bits brings with it a decreased coding gain 
for those bits. 
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II is also important to nota that Die constella- 
tions used to Implement the invention need not 
have orthogonally aligned pointe. as is the caso for 
all of the constellations described thus tar. For 
example, the constellation of FIG. 14 has radially- 5 
aligned points. There are eight superaymbols each 
of which is comprised. of eight symbols. This con- 
stellation can thus support a two-dimensional cod- 
ed modulation scheme with m = 2, k = 2. Each of 
the supersymbols can be identified based solely on 10 
angular information. Therefore, this constellation, 
like that of FIG. 8. allows for the use of coded 
modulation schemes which are expected to provide 
greater immunity against impulse noise for the 
more important bits than other constellations. is 

The foregoing merely illustrates the principles 
of the invention. For example, it is assumed in FIG. 
1 that only one broadcast signal polarization is 
used. However, it is possible to double the band- 
width efficiency of the scheme by using a second to 
set of coding circuitry to encode a second source- 
coded data stream In parallel with tho first and to 
transmit the resulting coded modulated signal us- 
ing a second polarization. Alternatively, a single 
data coding rail can be employed but Its speed can is 
be doubled by transmitting alternate signal points 
on the two polarizations. 

It should be noted that, although in all the 
examples shown herein, the less important bits are 
always coded, this is not necessary. That is, un- so 
coded bits can be used to select a symbol from 
the identified supersymbol. It should also be noted 
that, although in all of the examples shown herein, 
tho minimum distance d, between superpoints is 
always greater than the minimum distance <k be- ss 
twecn points, this Is not necessary. For example, 
d. can be equal to Oj in FIG. B. It should also be 
noted that, although in all the examples shown 
herein, only two classos of data elements are ac- 
commodated, the Invention is not so limited. As w 
many classes of data elements as desired can, in 
fact, be accommodated by dividing the class of 
loss important bits into two or more subclasses and 
applying the principles of the invention to the cod- 
ing of those subclasses in straightforward fashion. <s 
Moreover, although all the examples shown herein 
code either three or lour information bits at a time, 
the invention is not In any way limited to these. 

In the examples shown herein, encoders 114 
and 115 are always of the same dimensionality, so 
However, this Is not necessary. For example, a 
two-dimensional code could be used tor the more 
Important data elements to identify a sequence of 
superpoints of a predetermined two-dimensional 
constellation. A four-dimensional code could then n 
be usod for the less Important data elements to 
select points from sequential pairs of superpoints 
from that sequence. Conversely, a tour-dimensional 



code could be used for the more important data 
elements and a two-dimensional code for the less 

In the examples shown herein, encoders 114 
and 115 always implement B-state trellis codes. 
However, this is not necessary. Codes having other 
than B states are equally usable. Moreover, other 
types of codes, such as block codes, can be used 
instead of trellis codes. 

In some applications, It may be desired to 
provide for the possibility of phase rotations In the 
received signal caused by channel disturbance. In 
such applications, differential encoding circuitry 
may be Included within channel encoder 114 to 
take care of this problem. 

In addition, Ihe invention is Illustrated herein in 
the context of a digital video transmission system. 
However, it is equally applicable to other types of 
digital transmission systems. Moreover, although 
particular constellations are shown herein, numer- 
ous other constellations, which may be of any 
desired dimensionality, can be used. 

It may also be noted that although the inven- 
tion is illustrated herein as being implemented with 
discrete functional building blocks, e.g., source 
coders, scramblers, etc., the functions of any one 
or more of those building blocks can be carried out 
using one or more appropriate programmed pro- 
cessors, digital signal processing (DSP) ohips, etc. 
Thus although each of the various "means" recited 
in tho claims hereof may correspond, In some ■ 
embodiments, to specific circuitry which is specifi- 
cally designed to perform the lunction of just that 
means, it will be appreciated that such "means" 
may alternatively correspond, in other embodi- 
ments, to Ihe combination of processor-based cir- 
cuitry combined with stored program instructions 
which cause that circuitry to perform tho function in 
question. 

It will thus be appreciated that those skilled in 
the art will be able to devise numerous and various 
alternative arrangements which, although not ex- 
plicitly shown or described herein, embody the 
principles of the invention and are within Its spirit 

Claims 

1. A method 

CHARACTERIZED BY the sleps of 
encoding a first group ot data elements to 
generate a first expanded group of data ele- 

Idenlifying one of a plurality of supersym- 
bols of a predetermined channel symbol con- 
stellation In response to the first expanded 
group of data elements, each supersymbol be- 
ing comprised of a respective plurality ol sym- 
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bols of th 

selecting an individual one of the symbols 
of the identified supersymbol at teast In re- 
sponse to a second group of data elements, 



applying ti 
signal representing the selected symbol. 

the minimum distance between at least 
ones of the symbols of at least one of the 



distance betweeen the symbols of the con- 
stellation as a whole. 

2. The invention of claim 1 

CHARACTERIZED IN THAT 

the selecting step includes the steps of 



3. The invention of claim 1 

CHARACTERIZED IN THAT 
said encoding step includes the step of 
trellis coding said first group of data elements. 

4. The invention of claim 1 

CHARACTERIZED BY 

the further step of generating said data 
elements by source coding input informalion in 
such away that said first group of data ele- 
ments represents a portion of said information 
that is more important than the portion of said 
inlormatjon represented by said second group 



The invention of claim 1 

CHARACTERIZED BY 

the further step of rearranging the first 
expanded group of data elements prior to said 



7. The invention of claim 1 

CHARACTERIZED IN THAT 

at least one of said supersymbols is com- 
prised of at least two non-contiguous groups of 
symbols. 

8. A method for us 



bits associated with respective symbol inter- 
vals via the steps, performed for each said 
interval, of a) encoding m of the bits of one of 
the groups using a first predetermined code to 
generate an expanded group of r bits, r > m: 
b) Identifying a particular one of 2' supersym- 
bols of a predetermined channel symbol con- 
stellation as a function of the values of said r 
bits, each of said supersymbols being com- 
prised of a plurality of symbols of said con- 
stellation assigned thereto and the minimum 
distance between the symbols of each super- 
symbol being the same as the minimum dis- 
tance between the symbols of the constellation 
as a whole; c) generating a signal representing 
a selected one of the channel symbols of the 



3 function of the values of the 
other k bits of said one group: and d) commu- 
nicating said signal to said receiver over a 



said method CHARACTERIZED BY the 
receiving said signal from said channel, 

and 

recovering said intelligence from (he re- 
ceived signal, said recovering being carried out 
in response to information stored ir 



which said symbols are assigned to their re- 
spective supersymbols. 

9. The invention of claim 8 

CHARACTERIZED IN THAT 

the signal generating step in the transmit- 
ter includes the steps of a) encoding thu other 
k bits of said one ol the groups using a second 
predetermined code to generate a second ex- 
panded group of p bits, p > k; and b) selecting 
said individual symbol in response to Ihe sec- 
ond expanded group of data bite. 

and FURTHER CHARACTERIZED IN 
THAT 

said recovering step is carried out further 



11. The invention of claim 10 

CHARACTERIZED IN THAT 

said recovering step Includes the step of 
decoding the received signal to recover said 
successive groups of data bits using maximum 
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12. Apparatus operative during each of a succes- 
sion of symbol Intervals for channel coding 
respective groups of m+k data bits, said ap- 
paratus 

Characterized by $ 

means for encoding m of the bits of one of 
the groups to generate an expanded group of r 
bits, r> m, 

means for identifying a particular one of 2' 
supersymbols of a predetermined channel io 
symbol constellation as a function of the val- 
ues of said r bits, each of said supersymbols 
being comprised of a plurality of symbols of 
said constellation, end 

means for generating a signal representing is 
a selected one of the channel symbols of the 
identified one supersymbol. the selection being 
performed as a function of the values of the 
other k bits of said one group. 

the minimum distance between the sym- 20 
bols of each supersymbol being the same as 
the minimum distance between the symbols of 
the constellation as a whole. 

13. The invention of claim 12 is 

CHARACTERIZED IN THAT 
said data bits reprossnt television informa- 
tion. 

14. The invention of claim 13 OT 

FURTHER CHARACTERIZED BY 
means for generating said data bits by 
source coding input information in such a way 
that said m bits represent a portion of said 
information that is more important than the 35 
portion of said Information represented by said 
kbits. 

15. The invention of claim 14 

CHARACTERIZED IN THAT 40 

said generating means includes 

means for encoding the other k bits ot said 
one of the groups to generate an expanded 
group of p bits, p > k, and 

means for selecting said individual symbol <s 
in response to said expanded group of p bits. 

16. The invention of claim 15 

CHARACTERIZED IN THAT 

said m-bit and k-bit encoding means in- so 
elude means for trellis coding said m and k 
bits, respectively. 

17. The invention of claim 15 

CHARACTERIZED IN THAT SS 
at least ones of said supersymbols are 

each comprised of at least two non-contiguous 

groups of symbols. 



18. The Invention of claim 16 

FURTHER CHARACTERIZED BY 
means for rearranging said expanded 
group of r bits prior to said identifying step. 

19. An arrangement for use In a receiver which 
receives Intelligence communicated to said re- 
ceiver by a transmitter, said transmitter includ- 
ing apparatus for a) encoding a first stream of 
the data elements using a first predetermined 
code to generate a first expanded stream of 
data elements; b) identifying a sequence of 
supersymbols of a predetermined channel 
symbol constellation In response to the first 
expanded stream of data elements, the mini- 
mum distance between at least ones of the 
symbols of at least one of the supersymbols 
being the same as the minimum distance be- 
tween the symbols of the constellation as a 
whole; c) encoding a second stream of data 
elements using a second predetermined code 
to generate a second expanded stream ot data 
elements; d) selecting an Individual one of the 
symbols of each supersymbol of said se- 
quence at least es a function of the second 
expanded stream of data elements: and d) 
means for applying to e communication chan- 
nel a signal representing the selected symbols, 

said arrangement CHARACTERIZED BY 
means for receiving the signal from Uib 
communication channel, and 

means for carrying>out a maximum likeli- 
hood decoding operation on the received sig- 
nal to recover said first stream of data ele- 
ments and for carrying out a second maximum 
likelihood decoding operation on the received 
signal to recover said second stream of data 

20. The invention of claim 19 

CHARACTERIZED IN THAT 
said first and second codes are trellis 
codes. 

21. The invention of claim 19 

CHARACTERIZED IN THAT 

said intelligence is television information. 
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Background of the Invention 

The present invention relates to the transmission 
of digital data, particularly the transmission of digital 
data that represents video signals. 5 

It is generally acknowledged that some form of 
digital transmission will be required for the next gen- 
eration of television (TV) technology, conventionally 
referred to as high definition television, or HDTV. This 
requirement is due mostly to the fact that much more to 
powerful video compression schemes can be imple- 
mented with digital signal processing than with ana- 
log signal processing. However, in any HDTV digital 
transmission system, there are three major areas of 
concern that have to be addressed: graceful degrada- is 
lion, NTSC (National Television System Committee) 
co-channel interference and ghost cancelialion. 

A number of co-pending, commonly assigned 
United States patent applications disclose various 
techniques that provide graceful degradation in the 20 
reception quality at a TV set location. These are: V. B. 
Lawrence et al. entitled "Coding for Digital Transmis- 
sion,' Serial No. 07/611,225. filed on November 7. 
1990; L-F. Wei entitled "Coded Modulation with Un- 
equal Error Protection,' Serial No. 07/611,200. filed is 
on November 7, 1 990; J. D. Johnston et al. entitled 'A 
High Definition Television Coding Arrangement with 
Graceful Degradation,' Serial No. 07/625,349, filed 
on December 11,1 990; and H. Y. Chung et al. entitled 
'Multiplexed Coded Modulation with Unequal Error 20 
Protection," Serial No.07/627,156. filed on December 
13, 1990. The Lawrence el al. patent application, for 
example, teaches the notion of characterizing the 
HDTV signal into classes of "more important" and 
"less important" information, which will then use a 35 
constellation of non-uniformly spaced signal points. 
This approach provides unequal error protection, i.e., 
more error protection for the more important informa- 
tion, and allows a graceful degradation in reception 
quality at the TV set location because, as the bit-error to 
rate at the receiver begins to increase with increasing 
distance from the broadcast transmitter, it will be the 
bits that represent proportionately less of the TV sig- 
nal information that will be the first affected. 

However, although the above-mentioned patent ts 
applications leach advantageous techniques for pro- 
viding unequal error protection to different classes of 
information, these approaches primarily address the 
problem of providing graceful degradation ' for an 
HDTV signal in a single carrier transmission environ- so 
ment and. do not address the problems of NTSC co- 
channel interference and ghost cancellation. 

NTSC co-channel interference is a result of the 
fact that any HDTV transmission scheme will co-exist 
with existing NTSC TV transmission schemes and will 35 
use the available NTSCfrequency spectrum, or chan- 
nel assignments. For example, in the New York City 
geographical area an HDTV television station may be 



assigned to broadcast on channel 3. However, there 
may also be an NTSC television station assigned to 
channel 3 in a neighboring geographical area such as 
Philadelphia. As a result, there will be parts of New 
Jersey that receive both the HDTV and NTSC televi- 
sion signals assigned lo channel 3. This results in a 
geographical region of overlap of the NTSC and 
HDTV transmission signals in which the NTSC and 
HDTV signals interfere with each other. To reduce the 
interference from the HDTV signal to the existing 
NTSC signal, the transmitted power of the HDTV sig- 
nal should be set at a value at least 10 dB below that 
of the NTSC signal so that the HDTV signal does not 
interfere with I he NTSC signal. As a result, the HDTV 

the NTSC signal. This NTSC interference must be re- 
duced in order to ensure that the coverage area of the 
HDTV signal is large enough. 

Finally, there is the problem of ghosl cancella- 
tion. In any TV transmission scheme, reflection of the 
transmitted signal may occur that results in ghosting, 
which generally manifests itself in the form of double 
images. However, the problem of ghosting is com- 
pounded in an HDTV transmission scheme because 
of the use of compression algorithms to squeeze a 
full-bandwidth HDTV signal, e.g.. BOO M bits/sec, into 
an NTSC 6 MHz channel. This necessitates the use 
of a complex equalizer to cancel the ghost images in 
an HDTV transmission scheme. 

Before proceeding with a description of an illus- 
trative embodiment, it should be noted that the vari- 
ous digital signaling concepts described herein-with 
the exception, of course, of the inventive concept il- 
self-are all well known in, for example, the digital ra- 
dio and voiceband data transmission (modem) arts 
and thus need not be described in detail herein. 
These include such concepts as multidimensional 
signaling using 2N-dimensional channel symbol con- 
stellations, where N is some integer; trellis coding; 
fractional coding; scrambling: passband shaping; 



In accordance with the invention, a signal is div- 
ided into a plurality ol classes of information which are 
encoded for different error protection levels. Each 
class of information is then modulated into a sub- 
channel of the channel assigned to the signal. To fur- 
ther enhance signal reception, the subchannel as- 
signments are based on noise and interference con- 

The signal is separated into a plurality of classes 

lion is 'more important' and-is provided with more er- 
ror protection than the remaining classes of informa- 
tion. The plurality of classes of information are then 



o 



o 



frequency division multiplexed such thateach dassof 
information is modulated by a subcarrier into a sub- 



channel witnin a rrequency umu. 

In accordance with a feature of the invention, the 
effect of the NTSC co-channel interference is re- 
duced by assigning the subchannel that carries the 
more'imporun't information to a frequency spectrum 
portion that is not subject to substantial NTSC inter- 
ference. As a result, the more important data of the 
HDTV signal can still be recovered even in a fnnge 
area where substantial NTSC co-channel interfer- 
ence is present 

In accordance with another feature of the inven- 
tion, the use of multiple subcarrier results in longer 
symbol intervals and a flatter frequency response in 
each of the subchannels. As a result, a simpler equal- 
izer can be used in the HDTV receiver to mitigate the 
effects of "ghosting." 

Brief Description of the Drawing 

FIG. 1 is a block diagram of a transmitter embody- 
ing the principles of the invention: 
FIG. 2 is a block diagram of a receiver embodying 
the principles of the invention; 
FIG. 3 is the frequency spectrum for an NTSC 

FIG. 4 is the frequency spectrum for an HDTV 
signal embodying the principles of the invention; 

FIGs 5 - 8 are illustrative 4, 8. 12 and 16 QAM sig- 



Dotailod Description 

In accordance with the pnnciples of my invention, 
all three of the above-mentioned areas of concern in 
HDTV transmission are addressed. The signal is div- 
ided into a plurality of classes of information and each 
class of information is encoded to a different level of 
error protection. Each class of information is then 
i a subchannel of the channel assigned 



to the signal. 

Turning to FIG. 1, video signal source 101 gener- 
ates an HDTV analog video signal representing pic- 
ture information. As taught in the Lawrence etal. pa- 
tent, this HDTV analog video signal is passed on to 
source encoder 105, which generates a digital signal 
comprising a plurality of "classes of information- in 
which at least one class of information is more impor- 
tant, i.e., contains 'more important data,' than the re- 
mainder of the classes of information that, therefore, 
contain 'less important data.' For example, the more 
important data represents that information, which is 
more important for reception of the information sig- 
nal. In an HDTV signal, it is that information, which, 
if properly received, will form a rough picture, e.g., au- 
dio information, framing information, etc.. and the 



less important data represents the information that 
comprises the remainder of the HDTV signal. As rep- 
resented herein, source encoder 105 illustratively 
provides k = 12 classes of information with the class 
of information on lead 18being "more important" than 
the other classes of "less important" information on 
the remaining leads, e. g., leads 11, 13 and 22. Illus- 
tratively, each class of information comprises a plur- 

12 V being generated on each lead for each signaling 
interval, which is of duration T seconds. 

From FIG. 1 it can be seen that each class of in- 
formation, which is represented by m, bits, is process- 
ed by a channel encoder, a constellation mapper and 
a baseband modulator. For simplicity, the operation of 
transmitter 100 will be described, for the moment, in 
the context of the more important information on lead 
18. A similar description would apply to the process- 
ing of each of the other classes of information. The 
; more important information, which is represented by 
m, bits on lead 18. is input to channel encoder 128. 
The latter operates in accordance with known encod- 
ing techniques, such as trellis coding, and provides 
m, + r, data bits as output, where r, represents the 
5 average number of redundant bits introduced by 
channel encoder 128 in each signaling interval. (It 
should be noted that error correcting codes, such as 
a Reed-Solomon code, can also be used in place of, 
or in conjunction with, a coded modulation scheme.) 
to The encoded output of channel encoder 128 is map- 
ped, by constellation mapper 148. to a signal point, 
taken from a signal point constellation, in each signal- 
ing interval. It is assumed that the signal point con- 
stellation is representative of well-known uniformly. 
>5 spaced QAM constellations such as is shown in FIGs. 
5 to 8 for 4, 8, 12 and 16 signal point constellations: 
Channel encoder 128 and constellation mapper 
148, taken together, implement a particular coded 
modulation scheme that provides error protection to 
<o the more important class of information. The various 
coded modulation schemes that are implemented by 
the plurality of channel encoders, e.g.. 121 , 123, 128. 
132, etc., and respective constellation mappers. 141. 
143^ 148*. 152. etc., are chosen to provide unequal er- 
jj ror protection to the plurality of classes of information 



with more error protection. Unequal error protection 
can be implemented in a number of ways, such as dif- 
ferent channel encoders, different constellations si- 
zes and/or different symbol rates for the various 
channel encoders and constellation mappers. For ex- 
ample, referring to FIG. 1. all of the channel encoders 
can be identical. The signal constellation of constel- 
lation mapper 148 has. however, the smallest size 
compared to those of the other constellation map- 
pers. For example, the constellation used by constel- 
lation mapper 14B is the 4-QAM of FIG. 5, while the 
8-QAM, 12-QAM and 16-QAM of FIGs. 6-B can be 



used by the other constellation mappers. This as- 
sumes that the transmitted powerfor each subearrier 
is the same, with the result that there is more sepa- 
ration between the'signal points of the 4- QAM con- 
stellation of FIG. 5 (i.e., the spacing between the sig- 5 
nal points), than in the constellations of FIGs. 6-8. 
Consequently, there is more error protection for the 
more important data, i.e., this provides unequal error 
protection for. and allows graceful degradation of. the 
HDTV signal. « 

Before proceeding, reference should be made to 
FIG. 3, which is a representative frequency spectrum 
for an illustrative NTSC analog TV baseband trans- 
mission signal that has a bandwidth of 6 MHz. (Al- 
though reference is made to the baseband signal, the r 
actual transmitted signal is modulated to the respec- 
tive frequency spectrum for a particular assigned 
channel. For example, channel 3 is transmitted in the 
frequency spectrum of 60 to 66 MHz.) In accordance 
with the invention, this 6 MHz NTSC bandwidth is div- 2 
ided into a number of subchannels, each subchannel 
assigned to one of a number of classes of information, 
which represent the HDTV signal. For the purposes 
of Slustration, as shown in FIG. 4, the NTSC band- 
width is divided into 12 subchannels, with each sub- ; 
channel having a bandwidth equal to 500 KHz. i.e., 
the NTSC bandwidth divided by the number of sub- 
channels. Referring now back to FIG. 1, the HDTV 
signal is similarly divided into 12 classes of informa- 
tion; The output from each of the constellation map- 
pers, e.g., 141, 143, 148, 152, etc. is provided to re- 
spective baseband modulators 161, 163, 168, 172, 
etc. The latter frequency modulates each of the en- 
coded classes of information to a respective subear- 
rier, /, (where 1S/S12). such that each class of infor- 
mation is now provided in a respective subchannel. 
The outputs of the baseband modulators, e.g., 161, 
163, 168, 172, etc., are summed, or frequency divi- 
sion multiplexed, by adder 175. The output of adder 
175 is transmitted by single sideband (SSB) modula- 
tor 195. The latter is representative of conventional 
SSB modulation circuitry, e.g., oscillator, antenna, 
etc., and provides a broadcast HDTV signal to broad- 
cast channel 200. 
I " FromFIG.S.itcanbeseenthattheenergyofthe 
| NTSC transmission signal is generally concentrated 
in those frequency regions that contain the visual, 
chroma and aural carriers, at 1.25 MHz. 4.83 MHz 
and 5.75 MHz. respectively. As a result, any co-exist- 
ing HDTV transmission signal in these frequency re- 
gions is subject to substantial interference. There- 
fore, and in accordance with a feature of the inven- 
tion, the effect of NTSC co-channel interference can 
be reduced by assigning the more important informa- 
tion to a subchannel that is different from the sub- 
channels that are subject to substantial interference 
from the NTSC visual, chroma and aural carriers. This 
is shown in FIG. 1. where the more important infor- 



>n subearrier f,, thereby avoid- 
ing the subchannels that are subject to substantial in- 
terference from the visual, chroma and aural carriers 
of the NTSC transmission signal, e.g., the subchan- 
nels associated with subcarriers f,,f 10 , fu. e'e- By 
avoiding those parts of the frequency spectrum of the 
NTSC transmission signal from which substantial in- 
terference is expected, the more important informa- 
tion is provided with more error protection than those 
classes of information that are assigned to those sub- 
channels that overlap with the visual, chroma and au- 
ral carriers of the NTSC transmission signal. This ad- 
ditional error protection occurs even if all of the class- 
es of information have the same encoding schemes. 
In addition, if an error occurs in those subchannels to 
which the less important information has been as- 
signed, that information can simply be ignored by an 
HDTV receiver. For example, from FIG. 1, the less im- 
portant information is assigned to subearrier /), which 
is strongly interfered with by the visual carrier of the 
NTSC transmission signal. As a result, when an error 
occurs on this subchannel the less important infor- 
mation is ignored by the receiver. It should also be 
noted that those subchannels that experience sub- 
stantial interference from the visual, chroma and au- 
ral carriers of the NTSC transmission signal can be in- 
tentionally left ur 



of the in 



sr results in longer 
symbol intervals and a flatter frequency response in 
each of the subchannels. As a result, a simpler equal- 
izer can be used in the HDTV receiver to mitigate the 
effects of ghosting. Further, a larger symbol interval 
provides more protection against noise spikes of 
short duration since fewer symbols would be effect- 
Turning to the HDTV receiver of FIG. 2. the 
broadcast HDTV signal is received from broadcast 
channel 200 by receiver 300. The broadcast HDTV 
signal is received by SSB demodulator 395, which is 
representative of conventional reception and demod- 
ulation circuitry, e.g., the antenna, local oscillator, 
mixer, etc. SSB demodulator 350 provides a frequen- 
cy multiplexed signal to each one of the plurality of 
bandpass filters, e.g., 341, 343, 348, 352. etc. For ex- 



;r 348 ft 



which contains the more important information. This 
subearrier is applied to equalizer 388 to compensate 
for intersymbol interference. The output of equalizer 
388 is then provided to baseband demodulator 368, 
which provides a digital signal representing the re- 
ceived coded output to channel decoder 328. The lat- 
ter decodes the received coded output to provide the 
more important data, on lead 68, to source decoder 
305. Similarly, each of the other classes of informa- 
tion is decoded by receiver- 300 through the respec- 
tive demodulation and decoding circuitry. Source de- 
coder 305 provides the inverse function of source en- 



o 



coder 105. o( transmitter 100. Specifically, source de- 
coder 305 takes into account the subchannel that 
each class of information is assigned to in a predeter- 
mined manner, for example, in order to recreate the 
analog HDTV signal, source decoder 305 knows a pn- i 
ori that the more important information is received on 
lead 68. As a result, source decoder 305 combines 
the various classes of information to provide the re- 
ceived analog HDTV signal to CRT display 301. 

The foregoing merely illustrates the principles of i 
the invention and it will thus be appreciated that 
those skilled in the art will be able to devise various 
alternative arrangements, which, although not explic- 
itly described herein, embody the principles of the in- 
vention and are within its spirit and scope. 

For example, as described hereinabove, all of the 
coded modulation schemes could be the same. Dif- 
ferent symbol rates, or subchannels with different fre- 
quency bandwidths, could be used for the various 
classes of information. The use of a smaller symbol 
rate for the more important information would further 
mitigate the effects of ghosting, and hence provide 
more error protection for the more important data. 

Also, it should be observed that one subchannel 
can be used to carry dther information in addition to 
the plurality of classes of information of the HDTV sig- 
nal. For example, a subchannel with a fixed coding 
and modulation format, which carries the more im- 
' portant information, can be used to transmit informa- 
tion as to the coding and modulation formats used on 
• h. «ih.r subchannels so that, illustratively, a van- 



je used (or each of class of informa- 

'° n 'ln addition, more than one class of information 
may be carried by each subchannel and a nonum- 
formly-spaced signal point constellation can also be 
used. Alternatively, more than one constellation may 
be used by each subchannel, each constellation be- 
ing for one class of information and this constellation 
being time-division-multiplexed. 

It may also be noted that the number of subcar- 



number greater than one. Further, the im 
tion of thefrequency division multiplexed scheme can 
include overlapping of the spectra of different subcar- 
riers and/or different modulation schemes. Also, 
other communications system components can be 
used as well, such as an interleaver to protect against 
bursty noise. In addition, although the invention is il- 
lustrated herein as being implemented with discrete 
functional building blocks, e.g., trellis encoders, con- 
stellation mappers, etc.. the functions of any one or 
more of those building blocks can be carried out using . 
one or more appropriate programmed processors. 

ig (DSP) chips, etc. / 



comprising the steps of 

separaring the information signal into a 
plurality of classes of information such that at 
least one of the plurality of classes of information 
is more important for reception of the information 
signal than the other ones of the plurality of 
classes of information, 

encoding the plurality of classes of infor- 
mation to provide a plurality of encoded symbols 
such that the more important information has 
more error protection than the remaining ones of 
the plurality of classes of information, and 

modulating the plurality of encoded sym- 
bols into a plurality of subchannels within a fre- 
quency band, each subchannel occupying a dif- 
ferent frequency spectrum. 

2. The method of claim 1 wherein the frequency 
band is assigned to a different signal. 

3. The method of claim 2 wherein the modulating 
step places the more important informalion into 
a subchannel that does not contain a carrier of 
the different signal. 

i. The method of claim 1 wherein the encoding step 
includes the steps of 

channel encoding each one of the plurality 
of classes of information to provide a plurality of 
encoded outputs, and 

mapping each one of the plurality of en- 
coded outputs to a signal constellation to provide 
the plurality of encoded symbols. 

5. The method of claim 4 wherein the channel en- 
coding step for the more important information is 
different from the channel encoding step of at 
least one other of the plurality of classes of infor- 



The method of claim 5 wherein the channel en- 
coding step operates in accordance with an error 

The method of claim 5 wherein the channel en- 
coding step operates in accordance with coded 



The method of claim 5 wherein the channel en- 
coding step operates in accordance with coded 
modulation and an error correcting code. 

. The method of claim 4 wherein the mapping step 
for the more important information uses a signal 
point constellation that is different from at least 



o o 
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one other of the signal point constellations used 
for the other plurality of classes of information. 

1 0. The method of claim 1 wherein the encoding step 
uses a symbol rate for the more important class 
of information lhat is different from the symbol 
rate of a least one other class of information. 

11. Apparatus for processing an information signal 
comprising 

means for separating the information sig- 
nal into a plurality of classes of information such 
that at least one of the plurality of classes of in- 
formation is more important than the other ones 
of t he plurality of classes of information for recep- 
tion of the information signal. 

means for providing unequal levels of er- 
ror protection to the plurality of classes of infor- 
mation to provide a plurality of encoded symbols 
for each one of the plurality of classes of informa- 
tion such that the more important information 
has more error protection than the remaining 
ones of the plurality of classes of information, and 

means for modulating the plurality of en- 
coded symbols for each one of the plurality of 
classes of information to a plurality of subchan- 
nels within a frequency band, each subchannel 
occupying a different frequency spectrum. 

12. The apparatus of claim 11 wherein the frequency 
band is assigned to a different signal. 

13. The apparatus of claim 12 wherein the means for 
modulating places the more important informa- 
tion Into a subchannel that does not contain a 
carrier of the different signal. 

14. The apparatus of daim 11 wherein the means for 
providing unequal error protection further corn- 
channel encoding means for each one of 

the plurality of classes of information to provide 
a plurality of encoded outputs, and 

means for mapping each one of the plur- 
ality of encoded outputs to a signal constellation 
to provide the plurality of encoded symbols. 

15. The apparatus of claim 14 wherein the channel 
encoding means for the more important informa- 
tion is different from the channel encoding means 
of at least one other of the plurality of classes of 



16. The apparatus of daim 14 wherein the means for 
mapping the more important information uses a 
signal point constellation that is different from at 
least one other of the signal point constellations 
used for the other plurality of dasses of informa- 



17. The apparatus of daim 11 wherein the means for 
providing unequal error protection uses a symbol 
5 rate for the more important dass of information 

that is different from the symbol rate of at least 
one other dass of information. 
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4 QAM SIGNAL CONSTELLATION 



8 QAU SIGNAL CONSTELUTION 
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12 QAU SIGNAL CONSTELLATION 16 QAM SIGNAL CONSTELLATION 
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SPECIFICATION 



1. Title of the Invention 

Phase demodulating apparatus 

2. What is claimed is: 

A phase demodulating apparatus comprising a two-phase 
carrier regenerator and a four-phase carrier regenerator for 
regenerating carries of burst mode PSK wave signals, 
transmitted in burst mode, of which unique word of preamble unit 
'is formed of two-phase PSK wave, and data unit is formed of 
four-phase PSK wave, a unique word detector for detecting said 
unique word by synchronously detecting the two-phase PSK wave 
by using the output of the two-phase carrier regenerator as 
reference signal, and a phase comparator for comparing the 
phases of the output of said two-phase carrier regenerator, the 
output of said four-phase carrier regenerator, and the output 
of said four-phase carrier regenerator shifted in phase by n 
/2 (rad) from the output of said two-phase carrier regenerator, 
coding in 2-level value depending on each phase difference, and 
issuing these code output values directly or by inverting 
depending on the detected value of the unique word detector, 
wherein phase ambiguity of demodulated signal (data) of said 
four-phase PSK detected synchronously is removed, using the 
output of said four-phase carrier regenerator as the reference 
signal, by the output value of said phase comparator. 




3. Detailed Description of the Invention 

The present invention relates to a phase demodulating 
apparatus for demodulating burst most PSK wave signal, and more 
particularly to an improvement of phase ambiguity occurring at 
the time of demodulation. 

Hitherto, the apparatus of this kind was constructed as 
shown in Fig. 1, in which a burst mode PSK wave signal (in this 
case, the unique word of preamble unit and data unit are both 
four-phase PSK waves) is put into an input terminal (1), and 
further through this input terminal, it is fed into a four- 
phase carrier regenerator (2), four-phase detectors (3), (4),. 
and a bit timing regenerator (5), and the four-phase carrier 
regenerator (2) issues its carrier (non-modulated wave), and 
the bit timing regenerator (5) issues a bit timing wave. In 
this case, the phase of the carrier issued from the four-phase 
carrier regenerator (2) is any one of four states, that is, 0 
°, 90 °, 180 °, and -90 °, as shown in Fig. 2, and it is ambiguous 
in which state the output phase settles. 

The phase detectors (3) and (4) synchronously detect the 
four-phase PSK wave signals entered from the input terminal (1) 
on the basis of the reference signal of the output of the 
four-phase carrier regenerator (2) and phase shifter (6) for 
shifting its phase by 7i/2, and issue their baseband signals, 
respectively. These baseband signals are fed respectively 
into discriminative regenerators (7) and (8), and the 
discriminative regenerators (7) and (8) shape the waveforms of 




these baseband signals in every bit by the bit timing wave issued 
from the bit timing regenerator (5), and obtain demodulated 
signals, then feed them into a unique word detector (9) and an 
ambiguity switch (10) . 

The demodulated signals obtained in the discriminative 
regenerators (7) and (8) involve the phase ambiguity mentioned 
above, and unless the output phase of the four-phase carrier 
regenerator (2) is 0 °, wrong demodulated signal is obtained. 
Accordingly, in the burst mode PSK wave signal entered in the 
input terminal (1), a unique word (hereinafter called UW) is 
inserted in every burst for obtaining the burst timing, and in 
the transmission system for transmitting this UW in four-phase 
PSK wave, mutually orthogonal two UW (P, Q) are transmitted. 

The demodulated signal fed into the unique word detector 
(9) , that is, the demodulated UW may exist in one of four states 
(P, Q) , (Q, P), (Q, P), and (P, Q), depending on the phase 
ambiguity at the time of demodulation, and any one state is 
detected by the unique word detector (9) , and the detected value 
is put into an ambiguity controller (11) . The ambiguity 
controller (11) judges the phase state of the detected value, 
and gives a control signal depending on the phase deviation to 
an ambiguity switch (10) . The ambiguity switch (10) removes 
the phase ambiguity of the modulated signals issued from the 
discriminative regenerators ((7) and (8) by this control signal, 
and issues to output terminals (12a) and (12b) . 

In the conventional apparatus described so far, as far as 
the ratio of the carrier signal electric power to the noise 




electric power (hereinafter called CNR) of the burst mode PSK 
wave signal entered in the input terminal (1) is favorable (the 
bit error rate (BER) corresponding to 10" 4 or less) , there is 
no problem, but inferior (BER corresponding to over 10~ 4 ) , the 
unique word detector (9) may malfunction, and detection of UW 
may fail. 

Recently, therefore, when the CNR is poor, for example, 
it is required that no malfunction should occur at the BER of 
less than 10" 2 (that is, the detection error of UW be 10" 8 or 
less, and phase ambiguity should be removed) , this requirement 
could not be satisfied by the conventional apparatus. 

The invention is devised in the light of such background, 
and it is hence an object thereof to present a phase demodulating 
apparatus capable of demodulating securely without 
malfunctioning even if the CNR is worsened. 

An embodiment of the invention shown in Fig. 3 is described. 
In Fig. 3, reference numeral (21) is a two-phase carrier 
regenerator, (22) is a two-phase detector, (23) is a unique word 
detector composed of discriminative regenerator (24) and unique 
word detector (25), (26) is a phase comparator, and (27) is an 
ambiguity controller. Reference numerals (1) to (8), (10), 
(12a), and (12b) are same as in the conventional apparatus in 
Fig. 1, and their description is omitted. 

In this constitution, suppose the input terminal (1) has 
received the burst mode PSK wave signal composed of two-phase 
PSK wave in the preamble unit (unique word) and four-phase PSK 
wave in the data unit as shown in Fig. 4. This burst mode PSK 



wave signal is put into the four-phase carrier regenerator (2) 
and two-phase carrier regenerator (21), and regenerated into 
carriers, and in this case it is supposed that the output of 
the four-phase carrier regenerator (2) has four states of phase 
ambiguity as mentioned above, and that the output of the 
two-phase carrier regenerator (21) has two states of phase 
ambiguity for the sake of two phases (these phase states are 
45 ° and 225 °) . 

That is, supposing the output of the four-phase carrier 
regenerator (2) to be ai, the output of the phase shifter (6) 
to be. a 2 , and the output of the twoOphaes carrier regenerator 
(21) to be a 3 , 

nn 

a i = sin {<o 0 t^—) (1) 
a 2 = sin [a) 0 t+- + —} (2) 
a 3 - sin {<0j+^+mx } (3) 

are obtained. Herein, n denotes the phase ambiguity of the 
four-phase carrier regenerator (2), being n = 0 (in the case 
of 0 °), 1 ( 90 °), 2 (180 0 ), and 3 (-90 °) , and m denotes 
the phase ambiguity of two-phase carrier regenerator (21), 
being m = 0 (45 °) , 1 (225 °) . 

Using the output a 3 of the two-phase carrier regenerator 
(21) as the reference signal, the two-phase PSK wave of the 
preamble unit entered from the input terminal (1) is 
synchronously detected by the phase detector (23), its 
detection output is shaped in waveform by the bit timing wave 
issued from the bit timing regenerator (5) by the discriminative 



regenerator (24), and the demodulated UW is issued. This UW 
has a value of R or R , and this UW value is detected by the 
unique word detector (25) . In this case, when detecting R, the 
output phase of the two-phase carrier regenerator (21) is 4 5 
°, and when detecting R-, it is 225 ° 

Incidentally, since the phase detector (21) is for two 
phases, and as compared with the four-phase detectors (3) and 
(4) , its detection output level is higher by 8 dB, that is, when 
the unique word of the preamble unit is four-phase PSK wave, 
the BER corresponds to 10" 2 , or in the case of two-phase PSK 
wave, the BER corresponds to 4 x 10~ 4 . Besides, the two-phase 
carrier regenerator (21) decreases in the noise power of its 
output as compared with the two-phase carrier regenerator (2) . 
Therefore, the unique word detector (25) is lower in the 
probability of detection error of UW as compared with the unique 
word detector (9) in the prior art. 

The phase comparator (26) synchronously detects the output 
a3 of the two-phase carrier regenerator (21), the output al of 
the four-phase carrier regenerator (2), and the output a3 of 
the phase shifter (6) . The DC components of the detection 
output Ai and A 2 are 




-k -mn) + — 
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That is, 



In the case of m=0, n=0, • (A x , A 2 = ( 1 . 1) (6) 
In the case of m=0, n=l, {K lt A 2 =(1. 0) 
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Since the unique word detector {26) detects R in the case 
of m=0, and detector R in the case of m=l, by giving it to the 
phase comparator (26) , the code of the output (A lf A 3 ) of the 
phase comparator (26) is inverted only when R- is detected, the 
value of formula (6) is as follows regardless of the value of 
m: 

In the case of n=0, (A X ,A 2 ) =(1. 1) (7) 
In the case of n=l, (A lr A 2 ) =(1. 0) 
In the case of n=2, (A lf A 2 ) =(0. 0) 
In the case of n=3, (A lf A 2 ) =(0. 1) 

Feeding this output (A x , A 3 ) into the ambiguity controller 
(27), the phase state is judged, and the control signal 
depending on the phase deviation is given to the ambiguity 
switch (10) . By this control signal, the ambiguity switch (10) 
removes the phase ambiguity of demodulated signal (data) of 
four-phase PSK wave issued from the discriminative regenerators 
(7) and (8) , and issues to the output terminals (12a) and (12b) . 

So far is explained about the transmission system of the 
burst mode of the TDMA four-phase PSK wave burst mode, but not 
limited to this, the invention may be applied also in the 
SCPC-PSK. 



Thus, in the phase demodulating apparatus of the invention, 
malfunction hardly occurs if the reception CNR is poor, and 
therefore, the antenna gain may be lowered by reducing the size 
of antenna, or the noise temperature of the low noise amplifier 
may be raised, so that the satellite communication system or 
ground communication system may be lower in cost. 

4. Brief Description of the Drawings 

Fig. 1 is a block diagram showing a circuit configuration 
of a conventional phase demodulating circuit, Fig. 2 is an 
explanatory diagram for explaining the operation of Fig. 1, Fig. 
3 is a block diagram showing a circuit configuration of an 
embodiment of the invention, and Fig. 4 is an explanatory 
diagram of Fig. 3. 

In the drawings, reference numeral (2) is a four-phase 
carrier regenerator, (21) is a two-phase carrier regenerator, 
(22) is a unique word detector, (26) is a phase comparator, and 
(27) is an ambiguity detector. 

Same parts or corresponding parts in the drawings are 
identified with same reference numerals. 

Attorney: Shin-ichi Kuzuno, patent attorney 
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Description 

METHOD AND APPARATUS FOR COMBINING ENCODING AND MODULATION 



5 BACKGROUND OF THE INVENTION 

This invention relates to digital communications and more specifically to techniques for constructing 
bandwidth efficient signal sets by combining error correcting encoding with modulation of digital data. More 
specifically, the invention relates to generalized methods and apparatus for encoding and modulating digital 
information signals and methods and apparatus for demodulating and decoding signals from an Information 

10 channel containing information. The invention finds particular application to time-division multiple-access 
(TDMA) operation in a frequency-division multiple-access environment, such as a satellite transponder 
channel. 

In order to aid in identifying the relevance of the references cited herein, the references cited herein are 
referred to frequently by the abbreviations following the citations listed hereinbelow. 

15 In electronic data communication systems, random noise or interference can cause the transmitted signal to 
be contaminated and lead to errors in the received message. In systems where the reliability of received data is 
very important, error-correcting codes have been used to protect the transmitted message and enable system 
designers to reduce the effects of noise. Two major schools of thought and associated bodies of theory have 
emerged for performing this task: algebraic block coding, which relies heavily on the use of modern algebra 

20 and typically constructs codes as linear subspaces of a fixed size vector space over a finite field; and 
convolutional coding, in which the transmission is viewed as being continuous and the design typically relies 
more on computer search techniques and close analysis of the state diagram of the possible convolutional 
encoder circuits. 

For many years, the coding process was effectively separated from the problem of modulation in 
25 conventional systems. Modulation is the creation of, for example, electromagnetic signals in which changes in 
phase, frequency, or amplitude are used to distinguish different messages. 

Referring to Figure 1 representing a prior art system 10, in conventional systems 10 a block or stream of 
information digits 12 is fed into a digital encoder 14 designed for a specific error-correcting code where 
redundant check bits are added. The resultant encoded digits 16 are then fed into a modulator 18 where each 
30 digit or set of digits is typically mapped to a modulated symbol to be transmitted as information in for example 
a radio frequency signal 20. The radio frequency signal 20 Is applied to a channel 22 wherein noise and 
interference 24 are added and then received as a signal with errors 26 at a demodulator 28. The demodulator 
28 attempts to extract from the signal with errors 26 redundant digits with errors 30 which are fed to an error 
correcting decoder 32 designed to accommodate the error correcting code. The decoder 28 then uses known 
35 redundancy structure of in the encoded digits 16 to eliminate as many errors as possible producing as its 
output estimated received digits 34. In some systems, the demodulator 28 also provides "soft decision 
information" or "reliability" information along with the estimate of the received digits which can be used 
effectively in a variety of error-correcting decoders to improve performance, particularly Viterbi decoders for 
convolutional codes. 

40 To maintain the separations between different messages guaranteed by the minimum Hamming distance of 
the error-correcting code, the mapping performed by the demodulator 28 must be chosen with care. (The 
Hamming distance between two words is the number of digits in which the two words differ. The minimum 
Hamming distance of a code is the minimum over all pairs of code words in the code of the Hamming distance 
between the two code words.) For example, in binary systems using phase-shift modulations, the 

45 correspondence between the redundant binary sequences and the particular phase of a transmitted signal is 
often dictated by a Gray code. 

The use of error-correcting coding in this manner frequently Is an alternative to Increasing the power of the 
transmitted signal to overcome the noise. Conversely, the use of coding permits the power of the transmission 
to be reduced with no degradation in the reliability of the transmission. The power savings obtained in this way 

SO are measured in terms of the allowable reduction in decibels of power-per-bit for the same bit error rate, a 
quantity referred to as "coding gain." However, since coding requires the addition of redundant digits, for a 
fixed modulation scheme the use of coding requires that symbols be sent at a faster rate, thereby increasing 
the frequency bandwidth occupied by the transmission. 
As the demand for communication links has increased, there has been growing competition for the available 

55 electromagnetic spectrum, and significant expansion of the bandwidth of the signal to reduce the power 
required has no longer been acceptable in many instances. Thus attention has turned to methods of 
combining coding and modulation into one coordinated mapping to achieve signals that are efficient in both 
power and bandwidth utilization. In the past, efforts have followed the two pathways set by error-correcting 
coding theory, with some building on the concepts of convolutional codes whereas others start from the block 

60 code ideas. 

In the convolutional school, a major step forward was made by Ungerboeck as described in his paper 
•Channel Coding with Multilevel/Phase Signals" lung], in which he pointed out that the Euclidean distance 
properties of the electromagnetic signal space could be Incorporated into the design of a convolutional code 
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encoder. Figure 2 Illustrates the basic structure for comparison with Figure 1. Using the trellis characterization 
of the encoder, i.e., a trellis encoder 44, Information digits 12 are mapped directly to modulated signals 20 so 
as to add redundancy only when the electromagnetic symbols are likely to be confused. The error-correcting 
encoder and modulator are combined into a single coder/modulator herein called the trellis encoder 44. The 
standard Viterbi algorithm for decoding convolutlonal codes can be readily adapted to a so-called Vlterbl trellis 5 
decoder 48 to decode the received symbols (signal with errors 26) directly to estimated information digits 34. 
In adapting the convolutional coding methodology, Ungerboeck chose not to "pursue the block coding aspect 
because the richer structure and omission of block boundaries together wfth the availability of Viterbi 
ML-decoding algorithm [sic] make trellis codes appear to us more attractive for present coding problem 
[ung,p.58J." " 10 

Others have followed Ungerboeck. For example, recently S. Q. Wilson has shown a construction for rate 5/6 
trellis codos for an 8-state phase-shift keying (8-PSK) system and has found that ft achieves an asymptotic 
gain of 6.2 dB over an uncoded 8-PSK system [wlsn]. 

Other researchers have pursued the construction of efficient coding/modulation systems from the algebraic 
block code point of view. Imal and Hlrakawa showed how error-correcting codes of Increasing strengths can 15 
be coupled to Increasingly error-sensitive parameters of the signal modulation In both multilevel and 
mutliphase modulations to give Improved performance. Furthermore they explained a staged decoding 
method in which the most sensitive parameters are estimated first. us.lng the ,aj>psterlorl probabilities based 
on the channel statistics and the code structure wherein those estimates are used In later probability 
calculations to determine estimates for the successively less sensitive parameters [l&h]. 20 

Similarly, V. V. Glnzburg has used algebraic techniques to design multilevel multiphase signals for a 
continuous channel. His methods address the case where the measure of distance In the continuous channel 
Is monotonically related to an additive function of the distances between individual signal components. (Such 
addltivity is commonly assumed in satellite channel models, for example.) He generalized the Ideas of Imal and 
Hirakawa by partitioning the set of elementary modulation signals into carefully chosen subsets that permit the 25 
actual channel distance between signals to be associated with the particular subsets In which the signals are 
found. He then combined a hierarchy of subsets with a matching hierarchy of codes of Increasing strength to 
design signal sets that are guaranteed to have large separations In the signal space. The algorithms he 
suggested for demodulating and decoding the signals has bean given In only abstract mathematical terms: "A 
rigorous maximum-likelihood demodulation procedure of acceptable complexity may be built only In 30 
exceptional cases. A most simple approximate procedure implementing an energy distance D (I.e., one that 
leads to a correct decision for a noise energy < D/4) may be built as a sequence of integral reception 
procedures (to be carried out In the order of decreasing levels) for the individual codes that define the ■ 
signal-system construction, if each of them Implements D ....* [gnz). 

Most recently, Sayegh [syh] has developed further the methods of Imal and Hlrakawa by explicitly defining 35 
particular block codes that can be attached to the various levels of a hierarchy which admits to soft- decision 
decoding procedures, and he has demonstrated some achievable gains using his methods through simulation 
studies for very short codes. Sayegh's work Is notable as well In that he has shown how Imal and Hlrakawa' s 
method can be combined with the signal set partitions of Ungerboeck to create combined coding and 
modulation systems based on several other signal constellations. Sayegh's work represents what Is believed 40 
to be the most relevant development to the present Invention. However, Sayegh does not represent a prior art 
publication, since publication was less than one year prior to the filing date of the present application. 

Other authors [ck&sl] [frny86] have approached the problems of constructing bandwidth efficient signal 
sets using mathematically defined lattices. Thus, their work is distinguishable as essentially unrelated to the 
present scheme. 45 

Deficiencies in the Prior Art 

To understand the key advances of the present invention, it is important to understand the deficiency of the 
conventional practice of decomposing the process of creating the radio wave signal Into separate processes 
of error-correcting encoding followed by modulation with, for example In the case of PSK, a Gray code; how ' 50 
the more recent methods ([l&h], [ung] and [gnz]) create a more effective linkage between the code structure 
and the demodulator and thus Improve the quality of the constructed signal set; and how the new methods of 
the present Invention present significant advantages In the effectiveness of the linkage both for creating high 
quality signal sets and facilitating computation of the estimation of the transmitted Information by the receiver. 

The preponderance of the literature and theory on the construction of error-correcting codes addresses the 55 
problem of creating linear codes (e.g., [v&o, pp. 82-101]), which are well suited for protecting messages to be 
sent across a symmetric channel. For the symmetric channel, a central Index of the quality of a code Is Its 
minimum Hamming distance, the minimum number of digits In which any two distinct code words must differ. 
The mathematical theory of codes such as BCH codes, which are output from an encoder to a modulator, 
attempts to guarantee that the minimum Hamming distance of the code In the (digital) vector space of the 60 
communication channel Is as large as possible for a given code rate and block length, since the larger the 
minimum distance, the more errors that are certain to be correctable by a maximum likelihood decoding 
algorithm. 

However, on the continuous white Gaussian channel, most modulation schemes do not Induce a symmetric 
channel from the perspective of the digital error-correcting coding system. Certain pairs of elementary 65 
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modulations are closer In the Euclidean space of the channel than are others, and thus they are more likely to 
be confused than others. At very high signal-to-noise ratios, the probability of error for a maximum likelihood 
decoder is directly related to the minimum Euclidean distance separating any pair of distinct transmitted 
signals. Thus, for an entire coding/modulation system, an important measure is the minimum Euclidean 



To illustrate by reference to Figure 3. In the case of phase-shift modulations such as 8-PSK in conventional 
systems, the use of a Gray code mapping of binary triples to phase states serves the purpose of assuring that 
the Hamming distance of the error-correcting code Is reflected in a reasonable lower bound on the Euclidean 
distance. In Figure 3 for a specific example, since by definition of a Gray code, the Gray code binary sequences 
10 associated with any pair of adjacent modulations differ In exactly one bit, the minimum squared Euclidean 
distance of a pair of signals In a two-dimensional signal subspace formed by a binary error-correcting code of 
minimum Hamming distance D and Gray coding must be at least D 5 2 , where 8 2 is the minimum squared 
Euclidean distance between modulation phases. 

This scheme Is deficient because it creates a potential ambiguity due to the simultaneous occurrence of 
15 mlnimums. Specifically, the minimum Hamming distance separation In binary sequences can be achieved 
simultaneously with the minimum squared Euclidean distance of the modulation, thus creating a signal set for 
which a pair of signals is separated by a squared Euclidean distance that is the product of minimums, D 8 2 . 
which is the undesirable ambiguity. 

Both Ungerboeck and Ginzburg avoid the possibility of the simultaneous occurrence of minimums by 
20 coupling the coding to the modulation via a careful nested partitioning of the available modulations into 
subsets. In Ungerboeck's language, the mapping of binary sequences to modulations "follows from 
successive partitioning of a channel-signal set into subsets with increasing minimum distances: 

A 0 < Ai < A2 ... 

between the signals of these subsets." Ungerboeck then attaches modulations of particular subsets directly 
25 to edges in a trellis encoder for a convolutional code in such a way that the constraints of the trellis prevent the 
smallest Euclidean distances from occurring on all of the edges of the short paths originating and terminating 
at the zero state of the trellis. Effectively, this prevents a simultaneous occurrence of minimums in both the 
redundancy imposed by the trellis and the Euclidean separation of the modulation. 
Similarly. Ginzburg. in his hierarchical construction, defines partitions with L levels and associated minimum 
30 squared Euclidean distances satisfying: 
St 2 < ... < Aa 2 < 5i 2 

(adapting Ginzburg's language to the present notation). He then associates a different error-correcting code 
with each level, the code for the 1"> level having a minimum distance Dl (Note the difference between the 



variable 1 and the numeral 1 herein.) The squared Euclidean distance for the signals thus created must be at 
35 least: 



Since the Di values are chosen to be larger for the 81 that are smaller, this minimum is much greater than the 
product of the minima. Likewise, the earlier technique of Imai and Hirakawa may be viewed as a special 
instance of Ginzburg's signal construction method. 

45 In Ginzburg's method, the use of freely created nested partitions creates some limitations. At the 1»> level, 
there are actually a very large number of partitions, a different partition for each of the subsets created in the 
partition at the (1-1)«« partition. Due to the process of successive subdivision, the number of subsets of 
modulations that must be considered grows exponentially with the level, and the 5i associated with the 1'" 
level is actually a minimum over all of the subpartitions at the 1 th level. 

so With regard to prior art decoding circuitry and methods as hereinafter discussed, all of the workers in the 
field previously cited have recognized the difficulty of decoding these high performance coding modulation 
schemes. Typically systems in which combined coding and modulation is contemplated are those where soft 
decision information is available. The most commonly used algorithm is the Viterbi algorithm, which can 
incorporate soft decision information into the calculation of path metrics. The path metrics are used to 

55 determine the best estimate of each of the transmitted bits. 

There is nothing in principle that precludes the use of the Viterbi algorithm in cooperation with 
encoding/modulation systems with encoders according to the invention as described herein. If all such 
encoders are convolutional, the encoder can take the form of a trellis encoder and the resultant signal can be 
decoded using the techniques suggested by Ungerboeck for trellis codes. In practice, however, the powerful 

SO codes created by the encoders of the invention as described herein can create redundancies which interrelate 
a large number of transmitted symbols and, when viewed as trellis codes, have an extremely large number of 
states. The number of states will in most instance's make the Viterbi algorithm impractical. 

For the encoder/modulators based on block codes, the same problem is encountered. Most techniques for 
decoding block codes using soft decision Information are very complex. For example, the Chase algorithm 

55 [ch] can be employed when the expected number of errors is very small, but the computational effort required 
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grows exponentially when the number of errors to be corrected Increases. Similarly, it Is possible to 
contemplate the use of Forney's generalized minimum distance decoding [frny66]. but the complexity of this 
technique in practice is usually prohibitive. 

What is needed therefore Is very efficient low-complexity algorithms. The present Inventor as described In 
Tanner [tan81] has described algorithms which as described hereinbelow have potential Interest In 5 
decoding/demodulation methods and apparatus according to the Invention. The Tanner article Is therefore 
incorporated herein by reference and made a part hereof. Tanner's algorithms lead to a wide variety of decoder 
architectures, many of which are particularly well suited to parallel Implementation In large scale Integrated 
circuits. While the algorithms described In the Tanner article (e.g., Algorithm B) do not perform maximum 
likelihood decoding, they can be used effectively to decode much longer codes than can other methods, either 10 
large length block codes or large constraint length convolutional codes, without Incurring prohibitive circuit 
complexity costs. Moreover, the sub-optimal Algorithm B, for example, can Incorporate soft decision 
information into the decoding process for either block or convolutional codes with very little increase in the 
complexity of the decoding algorithm. In practice, decoding systems based on Tanner algorithms can 
outperform many Viterbl algorithm-based systems because the sub-optlmallty of the decoder performance is 15 
minor compared to the advantage of using a more powerful coding/modulation design. 

In most advanced modulation systems, the demodulator receives a single symbol that can be viewed as a 
vector in some symbol vector space. It then computes a distance measure for the. separation between the 
received symbol and all of the possible elementary modulations. In so-called 'hard decision" demodulators, 
the distance measure is heavily quantized to two Implicit values. The closest elementary modulation Is emitted 20 
as the best estimate (implicitly at distance 0) and the others are viewed as being at. distance 1. In "soft 
decision' demodulators, the demodulator can put out numbers, typically viewed as quantized representations 
of real numbers, that indicate the likelihood that the received vector came from each of the possible 
elementary modulations. 

Making optimal use of this "soft decision" information as well as the constraints Imposed by the digital code 25 
structure is In general very difficult. While It is possible to contemplate the design of a decoder based on 
Tanner's algorithms that would use all of the probability information provided by the channel for a 
sophisticated modulation scheme, heretofore nothing has been taught or suggested which could optimize the 
process in a simple fashion. 

Imai and Hirakawa proposed a technique for pure 2M-ary PSK and pure multilevel signaling wherein the most 30 
sensitive or least significant bit of the modulation are decoded using calculated probabilities [l&h, p. 373]. The 
estimates for these least significant bits are then fed Into a decoder for the L-th error-correcting code, 
generally the most powerful code. The final decision bits from this t> decoder are then used In combination 
with the channel soft-decision Information In providing the probability estimates needed for the (L-1)* 
decoder. The final decision bits from the (L-1)« stage along with the final decisions from the L>»> stage are In 35 
turn used In providing the probability estimates needed for the (L-2)-* decoder, and so forth, until the most 
significant bits are decoded. 

While the description is very incomplete. Sayegh's decoding procedures [syh, p. 1044] appear to be those of 
Imai and Hirakawa adapted to the additional modulations he treats, requiring an optimal decision at each stage 
of a sub-optimal procedure. This decomposition adds a further source of potential loss. If the decoder at some 40 
stage does not provide the correct final decision bits, the estimates used in calculating probabilities for all 
successive stages will reflect the errors and increase the possibility of decoding error In those later stages. 
However, for high-speed systems the decomposition has the advantage of creating parallel data paths for the 
decoding of the bits of different significance. In the representative circuit shown in Figure 2 of Imai and 
Hirakawa, there are four different decoders for different error-correcting codes all working simultaneously in 45 
pipelined fashion. As a result, each of the decoders must handle data at only a fraction of the raw Input rate. In 
high performance systems, very efficient error-correcting codes must create dependencies that Interrelate 
large numbers of digits, requiring either a long block length In the case of algebraic block codes or a long 
constraint length in the case of convolutional codes. As Is well known to those acquainted with the coding arts, 
decoding such codes using soft decision Information is very complex. Typical Implementations for such 50 
decoders either cannot handle high data rates or require large and complex circuits that consume significant 
power. What is needed Is a more efficient decoding scheme. 

SUMMARY OF THE INVENTION 

According to the Invention, method and apparatus provide combined encoding and modulation which 55 
creates signal sets from available amplitude and phase modulations by Indexing Into ordered subspaces. The 
ordered subspaces need not be limited to the class of subspaces known as binary subspaces. The resultant 
signal sets, for a preselected power and bandwidth, are widely separated and unlikely to be confused by the 
effects of channel noise. Such signals can be in either finite block or convolutional form, depending on the 
natural format of the desired transmission. Further according to the invention are basic apparatus for encoding 60 
and modulating as well as apparatus for demodulating and decoding a signal In accordance with a 
demodulation/decoding method of the Invention. Specifically, a demodulation/decoding method Is provided 
for Incorporating a known decoding technique that develops accurate estimates of the Information from the 
received signal in a computationally efficient manner and that permits high speed operation using 
soft-decision decoders. 65 
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The Invention will be better understood by reference to the following detailed description in conjunction with 
the accompanying drawings. 

BRIEF DESCRIPTION OF THE DRAWINGS 

Figure 1 is a block diagram of a first prior art error correcting code-based communication system. 

Figure 2 is a block diagram of a second prior art error correcting code-based communication system. 

Figure 3 is a phase diagram (modulation constellation diagram) illustrating a Gray code indexing of 
phase states for 8 PSK modulation. ... 

Figure 4 is a phase diagram illustrating indexing of phase states for a set partitioning technique. 

Figure 5 is a block diagram of a general encoder/modulator structure in accordance with the invention. 

Figure 6 Is a constellation diagram illustrating indexing of an 8-AMPM signal in accordance with one 
embodiment of the encoder/modulation technique according to the invention. 

Figure 7 is a constellation diagram illustrating indexing of an 8-AMPM signal in accordance with a 
second embodiment of the encoder/modulation technique according to the invention. 

Figure 8 Is a phase diagram illustrating indexing of a 6-PSK signal in accordance with a further 
embodiment of the encoder/modulator according to the Invention. 

Figure 9 is a flow chart of a generalized decoding/demodulation method Implemented in a preferred 
embodiment of a demodulator/decoder implemented in accordance with the invention. 

Figure 10 is a phase diagram Illustrating extraction and demodulation of a signal of a prior art decoding 
and demodulation method. 

Figure 11 is a phase diagram illustrating extraction and demodulation of a signal according to one 
embodiment of the present invention. 

Figure 12 is a phase diagram illustrating extraction and demodulation of a signal according to a further 
embodiment of the present Invention. 

Figure 13 Is a block diagram of an encoder/modulator structure in accordance with a preferred 
embodiment of the invention. , 

Figure 14 is a block diagram of a demodulator/decoder in accordance with a preferred embodiment of 
the invention. 

DETAILED DESCRIPTION OF THE INVENTION 

According to the present invention, a method is provided for making the minimum Euclidean distance in the 
Euclidean space of a communication channel as large as possible, or, equivalently and more conveniently, to 
make the squared Euclidean distance as large as possible, rather than concentrating alone on the Hamming 
distance of the error-correcting code in the vector space of the digital channel. More specifically, modulations 
are indexed to form them into ordered subspaces, which Include both binary and nonbinary subspaces. The 
subspaces provide more highly disciplined indexing that could otherwise be exploited without further detailed 
knowledge of the structure of the particular modulations. 

Encoding and Modulation Methods and Circuits 

To create the tightest linkage between the structure of the digital error-correcting code and the modulation, 
the digital indexing of the possible modulations is crucial. Algebraic error-correcting codes are in almost all 
instances based upon finite fields and can be organized into subspaces. These subspaces are themselves 
error-correcting codes of potentially different correcting abilities. The well-known BCH codes, for example, 
can be viewed as nested, with a larger minimum distance code with more numerous roots being a subcode of 
a code with fewer roots and smaller minimum distance. For Instance, the words of the (15,1 ,15) BCH code are 
all words in the (15,5,7) code, which are in turn all words in the (15,1 1 ,3) code, which are in turn all words in the 
trivial (15,15.1) code. It has been shown by others that such nested subcode structure could be used to 
construct recursively long and powerful error-correcting codes based on simple codes that form nested 
subspaces. 

According to the present invention, however, the method of constructing nested subcodes from . 
error-correcting coding theory is adapted to the construction of combined coding and modulation systems. 
The available modulations are indexed by vectors over a finite field in such a way that the additive modulation 
distances are well organized by subspaces and affine (shifted) varieties of those subspaces. 

To illustrate, with reference to Figure 4, consider the indexing of the 8 PSK modulations induced by set 
partitioning of the type taught by Ungerboeck. In accordance with the invention, a quaternary phase shift 
keying set with minimum squared Euclidean distance of 2 is formed by fixing the set of modulations formed by 
the last of the three bits at either 0 or at 1. Consequently any pair of modulations differing only by changes 
restricted to the two-dimensional subspace formed by the topmost, the most significant bit, and the center, 
the center significant bit, have a squared Euclidean distance separation of at least 2. Similar.y, if the two 
rightmost indexing bits, the center and the least significant bit, are fixed at any one of the four possible values, 
the pair of modulations differing only in the most significant bit have a squared Euclidean distance separation 
of 4. (In the case of 8 PSK. this Indexing of modulations is like that created by Imai and Hirakawa, using 
different notation.) . M ..... 

Figure 5 illustrates a basic encoder/modulator apparatus 100 according to the invention for exploiting the 
organization of the modulations described hereinabove. The encoder/modulator apparatus 100 comprises a 
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first or Isb encoder 102, a second, or csb, encoder 104. a third, or msb, encoder 106 and a digit-to-modulation 
mapping subsystem 10B coupled to receive, respectively, the most significant bit (msb). the center significant 
bit (csb) and the least significant bit (Isb) from Inputs of Information digits. The Isb encoder 106 is of the form 
which generates a strong binary error-correcting code with minimum Hamming distance D3. The Isb code is 
the strongest code and therefore has the most impact on decoding. A change in one Information bit going into 5 
the Isb encoder 106 causes a number of bits at least equal to the value D3 to be changed going into the 
mapping circuit (a conventional one-for-one table translation from a pure digit to a radial value signal, which in 
turn is applied to an analog signal modulator), which in turn leads to a squared Euclidean distance of at least 
6 3 2 D3 no matter what changes occur In the information bits going into Encoders 1 and 2. If no changes occur 
in the information bits going into Isb encoder 106. then any change In the Information bits going into csb 10 
encoder 104 must cause a number of bits equal to at least the value D 2 to be changed, which then leads to a 
squared Euclidean distance of at least 8 2 2 D 2 . no matter what changes occur In the information bits going into 
msb encoder 102. Finally, If no changes occur in the Information fed Into Isb or csb encoders 106 or 104. any 
change in the information bits going Into msb encoder 102 must cause at least Di bits to be changed, which 
leads to a squared Euclidean distance of at least 61 2 Di. The minimum squared Euclidean distance separation 15 
of any pair of encoded modulations is thus at least: 



D 2 min ( « L T> 1 ) . 



The method practiced by apparatus according to the Invention differs significantly from the methods of the 
prior art For example, unlike both Ungerboeck and Glnzburg. the modulations are organized by subspaces. 
rather than by the mathematically more general but practically less useful hierarchy of subsets. The subspaces 
create more highly disciplined indexing that can be exploited without further detailed knowledge of the 
structure of the particular modulations. 

Similarly while Imai and Hirakawa's construction lead to subspaces In the case of several particular types of 
modulations, the possibility of subspace organization was never recognized and thus no advantage has been 
suggested of the flexibility afforded by subspace organization. 

Still further while SayeglVs constructions (which include 8-AMPM and 16-QASK as well as PSK 
modulations) use the modulation indexings suggested by Ungerboeck, the Ungerboeck's labelllngs would 
Induce one of many possible sequences of nested binary subspaces for the modulations described therein, 
Sayegh failed to recognize or suggest that any equivalent subspace organization Is sufficient or that the 
subspaces need not be binary in general. 

To understand the flexibility of the subspace organization, suppose that any arbitrary modulation can be 
indexed by subspaces of bits such that changes restricted to si bits forming a Subspace 1 induce a squared 
Euclidean distance of at least 81 2 ; changes restricted to the si bits forming a Subspace 1 or the s 2 bits forming 
a Subspace 2 induce a squared Euclidean distance of at least 5z 2 ; changes restricted to the si bits forming a 
Subspace 1 . the s 2 bits forming a Subspace 2. or the s 3 bits forming a Subspace 3 Induce a squared Euclidean 
distance of at least 6 3 2 ; and so forth. We assume 6i 2 > 6 2 2 > 8 3 z > . . > 6 L Z . Typically such subspace 
indexings of the modulations can be created by using the groups and subgroups of Imparlances of the set of 
elementary modulations. In general the subspaces need not be over extension fields of the binary field; fields 
of characteristic other than 2 may be appropriate for other signal constellations. Typically, however, extension 
fields of the binary field are of the greatest practical Importance, and we will focus attention primarily on such 

e *To perform the combined encoding and modulation, a first error-correcting encoder 102 for a code with 
minimum Hamming distance Di. producing symbols consisting of si bits, is used to produce the successive 
sets of si bits to be fed into the most significant subspace lines 103 of the digit-to-modulation mapping 
subsystem 108. Similarly, a second error-correcting encoder 104 for a code with minimum Hamming distance 
D 2 producing symbols consisting of s 2 bits. Is used to produce the successive sets of s 2 bits to be fed into the 
next most (center) significant subspace lines 105 of the digit-to-modulation mapping subsystem 108. This 
continues until at the bottom, an error-correcting encoder for a code with minimum Hamming distance D L . 
producing symbols consisting of s L bits. Is used to produce the successive sets of s L bits to be fed into the 
least significant subspace lines of the digit-to-modulation mapping subsystem 108. In practice, the l<" encoder 
may be either a convolutional encoder or a block encoder for digits in an extension field GF(2i). or, more 
simply a copies of a binary error-correcting encoder lor a code with minimum Hamming distance Di (although 
such copies are usually less efficient for the same level of protection). In cases where the Euclidean distance 
separations of the Y» subspace mirror perfectly the Hamming distance separations of the digital code (as Is the 
case for QPSK modulations), the s, digits for the I* subspace may be I successive digits from an 

error-correcting code word. 

With this subspace organization, by choosing the error-correcting codes to have minimum Hamming 
distances that very roughly inversely with the squared Euclidean distance of subspaces, It Is possible to create 
combined coding/modulations with very large channel distance separations at relatively high coding rate and 
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without bandwidth expansion. Two examples of systems for more subtle modulations will serve to illustrate the 
signal creation method and distinguish the present invention from the more limited methods of Imai and 
Hirakawa and Sayegh. 

Figure 6 illustrates 8-AMPM modulation as two QPSK modulations 50 and 50' indexed as two subspaces 
5 which are combined with binary unit displacement 52. The resulting indexing 56 is illustrated in the adjacent 
portion of the figure. The X's correspond to the positions defined by the combined quadrature modulations. 
The corresponding index value is a three-digit binary number of an eye pattern. Figure 6 thus shows how 
8-AMPM modulation can be viewed as the combination of two "large grain" QPSK modulations each defined 
on respective two dimensional unit radius circles 50 and 50' shifted by a unit displacement 52 relative to each 
10 other. A 'small grain' binary subspace determines which of the two QPSK versions circumscribed by the unit 
radius circles 50 or 50' is sent. If the QPSK signal is indexed to be broken up into two subspaces, one with 
squared Euclidean distance of 2, e.g., between 1 1 1 and 100 (54) and the other with squared Euclidean distance 
4 eg between 111 and 110 (56) as shown in the right side of Figure 6. these can be used as the most 
significant bits of a three bit indexing of 8-AMPM. The least significant bit is the value of the binary unit 
IS displacement 52 and is the third bit (the left-most bit of each triplet in the Figure) which determines which of 
the two displaces QPSK versions 50 or 50' is sent. The result is a labeling identical to that of Ungerboeck as 
used by Sayegh. 

Figure 7 shows another indexing scheme according to the invention. Figure 7 illustrates 8-AMPM 
modulation as two Gray code signals constellations 60 and 60' indexed as two subspaces which are combined 

20 with binary unit displacement 62. The resulting indexing 66 is illustrated in the adjacent portion of the figure. 
The X's correspond to the positions defined by the combined quadrature modulations. The corresponding 
index value is a three-digit binary number of an eye pattern. Figure 7 thus shows how 8-AMPM modulation can 
be viewed as large grain QPSK components indexed by a conventional Gray code to form two-dimensional 
subspaces In which the Hamming distance of a binary error correcting code is mirrored exactly by the squared 

25 Euclidean distance of the modulation combined by a binary unit of displacement. As before the choice of 
binary subspace (selected by binary unit displacement 62) determines which of the two versions 60 or 60' is 
transmitted This indexing 66 is shown in Figure 7. and it is obviously not equivalent to Ungerboeck's Indexing 
(equivalent to 56 of Figure 6). With this indexing 66, the two dimensional subspace 60 or 60' can be determined 
by two successive bits from a single binary error correcting code of minimum distance Di . The third subspace 

30 bit can determined by another binary error-correcting code of minimum distance D 2 . The squared Euclidean 
distance separation of any two signals created by the system is at least: 
D g min ( 2 Di. D2 ). ...... 

Because longer error-correcting codes are more efficient than short ones for a given minimum distance, this 
construction in many Instances gives more efficient signal sets than does Sayegh's construction and is 

35 therefore a notable advance. 

The method of construction according to the invention suggests other alternatives. For example, a 16-QASK 
can be viewed as the combination of a large grain QPSK with a smaller grain QPSK set of displacements. Each 
of the QPSK signals can be indexed either as two separate subspaces or as a single two-dimensional 
subspace. 

40 Further according to the invention, constructions based on nonbinary subspaces may also be Implemented. 
With reference to Figure 8. such a possibility will be illustrated by an unusual modulation, 6-PSK. In Figure 
8 6-PSK is shown with an Indexing In which a single ternary digit from GF(3) (values 0,1 or 2) determines each 
3-PSK modulation 70 or 70' and a single binary digit selects which of two possible 3-PSK modulations 70 or 70' 
is used This leads to a sequence of subspaces consisting of two subspaces: the first is a GF(3) ternary 

45 subspace that selects a signal from a 3-PSK set and the second is a GF(2) binary subspace that selects which 
of two rotated versions of the 3-PSK signal will be used. Using simple trigonometry and. assuming a unit radius 
circle it can be determined that the squared Euclidean distance associated with the ternary subspace Is 3 
whereas that for the binary subspace is 1. Here the squared Euclidean distance separation of any two signals 
created by the system is at least 

50 D 5 mln ( 3 Di, D2 ). 

As a concrete instance, the first ternary subspace code could be a ternary Hamming (121,116,3) code while 
the binary subspace could be (121,93,9) shortened BCH code. In 121 transmitted 6-PSK symbols 116(log 2 3) 
+ 93 = 183.85 + 93 = 276.85 bits could be transmitted (as opposed to 2(121) ~ 242 bits for QPSK) while 
achieving an asymptotic gain of logio(9/2) = 6.53 dB. over uncoded QPSK. 

55 The encoding structure described above provides a natural parallelism that Is convenient for high speed 
operation However, using techniques considered state-of-the-art prior to the present invention, many of the 
signal sets created in this way could not be effectively decoded without the use of enormously complex 
decoding circuitry A second advance of the present Invention Is to provide practical techniques for decoding 
the combined coding/modulation signal sets at high data rates and with very practical and cost-effective 

60 circuits. 

Decoding Circuits and Methods 

The present invention makes use of selected Tanner's algorithms as described In the 1981 Tanner article, 
the contents of which is incorporated herein by reference. In the present invention, the decoding/demodula- 
65 tion attempts to use all of the probability information provided by the channel for a sophisticated modulation 



. „ m „i„ eimr.ii. fashion For hiah-speed performance, the preferred embodiment breaks the 

encoding Process. . as a polnt ot departure for demodulation/decoding. In the 

pr^eTlbolnTofKrodlto^ 5 
^T£ZTSeZp^B6 in three ways. First, decomposition is organized by genera subspaces in 
accordance with the invention and implemented In the encoder/modulator of the present invention, rather than 
£ Site "teas suited for the limited set of modulations treated by Imal and Hlrakawa. Subspace 

ZS&^SS^^ invention p ermits tha methods of the present inventi0 ■ 10 be adapted y w 

an LToJf mThe SC p h re?ent invention, circuits suggested in Imal and Hlrakawa are replaced by 'extractors' 
which, at the H* stage, produce quantized logarithms of the likelihoods: 
Pri <; «= S. ! R received), for each distinct Index S|, 

iSSS^S^i^^^ ^ ous dBCOd,n9 S,a96S - ' n and hlirakawa 

used the mo e complex calculation of a posteriori probabilities with 'intermediate est ma Ion circuits . 

?Wrd andTerhaps most Importantly, one or more of the decoder circuits Is a decoder Implement ng one of 
.h-l™;hT««dd!oodina aloorithms of the Tanner article [tan81]. In the preferred embodiment. Algorithm B 
?«K!2?22^ time while supplied with quantized logarithms of probability ratios by 20 

ft S?5 that stage. Hence, the Algorithm B Is employed with 'sofWedslon' InlMia 

ReXa to the flow chart of Figure 9. Algorithm B Is as follows as adapted for decoding with soft decision 
inforS 

where = 2 Khlch ls accessed by subcode processor |. where | - 1 .2 S. R,(t) Is the rtu. stored by 

fte eaister atter the f Iteration, and R', Is a corresponding temporary storage regjster. Let V, where 
- 1 2 . . N. be Register storing a value V,(0) which Is of value +1 or-1 ^^^uLSZ 
a 0 (zero) respectively. Let Ji be the Index set of the subcode processors accessing bit I. and let I, be the Index ^ 

Jllc^Z oZlaton provided by the channel for the l» bit (Step B). Assign register R„(0) the value In 

D2? In the subcoS phase (Step D1). for each value t from 1 to f. where f Is a number of Iterations selected as a 35 
matter and Speed (th8 Cnd ° f ^ ' 0 ° P " determ ' ned ^ ^ m 



temporary value R'q as follows: 

R* . . = 1/2 1 max ( C • Rj(t - 1) - BijCt - 1) 
*3 C c o 



( C • Rjtt - 1) + B i;j (t - 1)1 



- max 
Ceo 



bv reolacina each one In a code word with a + 1 and each zero in a code word with a -1 , .» 
C \- (S.!S. each , derived from a code word in the subcode by replacing each 1 1n the code word by a 
+ 1 and each 0 by a -1; 
Rj(t-1) is the ordered vector of register values 

«ij<*> - 1 I 3 »'u - R 'i3 4 V i (0> 

3) Make a final decision tor the value of the bit (Step E): Using the p subcode processor. And th© vectorfor „ 
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C which achieves the maximum value for the real vector inner product of the last iteration in the loop and store 
the corresponding component of the maximizing subcode word in the corresponding temporary storage 
register. That is, find: 

maxe cn[ e •R|(01. where f is the floor function of (g-2)/4), and set R' i,j = Q,. 

5 This will result in the output value of the i«> bit being one if the sum of all R'ij, where j is a member of the set Ji, is 
greater than zero, and zero if otherwise. In other words, the final value of the i* bit is determined by a majority 
vote of the best final estimates provided by the subcodes checking the l"> bit. (Note the difference between the 
index value 1 and the index variable 1 .) Alternatively, the number of iterations may be preselected according to 
an engineering preference for precision and speed. A suitable number of iterations for a code of less than 

10 length 500 is three. 

A specific decoder implementing Algorithm B is described in connecting with' Figure 13. Figure 13 is 
described hereinbelow. 

The second distinction above will be more easily understood by considering the process of producing 
estimates for the values of the digits of the i»>subspace starting from the most sensitive L"< subspace in the 

15 simple case where each subspace is binary. For example, consider the 8-PSK modulation of Figure 4. 
Referring now to Figure 10, using Imai and Hirakawa's method, if vector R is received, to calculate the a 
posteriori probabilities Pr(S3~0| R received) and Pr(S3-=1! R received), (j R received means "given R is 
received" ) all of the eight distances 81-88 from R to each of the elementary modulations 
010,001,111.000,100.011,101.110 shown in Figure 10 must be used. 

20 In the extraction method according to the present invention, (Figure 11) only the two elementary distances, 
81 , with modulation S3 =0, and distance 82. with modulation S3 = 1 . are used, assuming that the channel noise 
density function is a monotonically decreasing function of distance. If the channel noise density function is a 
monotonically decreasing function of distance, as is the case for white Gaussian noise, the two indicated 
distances 81 and 82 will be the shortest distances to the two most likely elementary modulations ss-=0 and 

25 S3 = 1 , respectively. For relatively high signal-to-noise ratios, the a posteriori probabilities associated with the 
distances 81 and 82 are dominant in the calculation of the true a posteriori probabilities, and the probability 
calculation is greatly simplified by the use of these two alone. 

Consider an example with reference to Figure 12 and Figure 14 of 8 PSK modulations. (The full structure of a 
demodulator/decoder is described hereinafter). The decoder (306) for the least significant bit is operative to 

30 decide that for example the best estimate for ss, S3, is 0. An extractor (Figure 14314) according to the present 
invention at the next stage is operative to calculate the logarithm of the likelihood ratio of only the two most 
likely elementary modulations. (Imal and Hirakawa transpose most significant bit and least significant bit 
designations. In Imai and Hirakawa's method, at the next stage the probability computation would have to use 
the probabilities associated with four distances, rather than only two distances 91 and 92.) The extractor may 

35 be specific for the type of noise expected in the channel. For this purpose, the extractor may be a simple 
read-only memory circuit which produces a defined precomputed output in response to an input based on a 
limited number of possible inputs. The results are used as the soft decision information for a decoder (Figure 
1 4, 308) which produces a best estimate for S2 = £2. In the case of 8 PSK modulations, the estimates S2 and S3 
are used by the third extractor (320) that provides log-likelihood ratios for the decoder (324) determining the 

40 best estimate for si, si. Since S2 and S3 are specified (for. example 52 = 1 and s_3=0), there are only two 
elementary modulations possible Si = 0~and si = 1, as shown in Figured 2, so the third extractor (320) for the 
last stage is operative to calculate the same log-likelihood ratio as would Imai and Hirakawa's circuit, except 
much more efficiently. 

It can be appreciated that for complicated multilevel and multiphase modulations, the use of only the most 
45 likely elementary modulations represents a substantial simplification of the calculation required by the known 
prior art. 

The third advance is the use of decoders based on specific algorithms, and most specifically Tanner's 
Algorithm B above. In the preferred embodiment, the most powerful error-correcting code is applied to the 
digits governing the most sensitive index subspace of the modulation. The graph-based algorithms of Tanner, 

SO particularly Algorithm B perform decoding as multiple iterations of replicated simple primitive operations that 
can be performed in parallel. As a result they can be implemented in large scale integrated circuits which can 
handle extraordinarily high data rates and decode highly efficient codes with soft decision information using a 
relatively small number of integrated circuits. This property makes the algorithms an excellent choice for the 
error-correcting decoders of the present invention, particularly for the most powerful error-correcting code in 

55 high performance systems. 

Figure 13 illustrates a preferred embodiment of an encoder/modulator 200 according to the present 
invention for the particular case of 8 PSK modulation on a white Gaussian noise channel at an operating 
signal-to-noise ratio E s /N 0 of approximately 13.5 dB (output bit error rate of approximately 5 x 10 -7 ) (compare 
Figure 5). Figure 14 illustrates a preferred embodiment of a demodulator/decoder 300 according to the 

60 present invention for the same type of encoding and modulation. While the encoder/modulator and 
demodulator/decoder shown here are compatible, there is nothing that precludes the use of an 
encoder/modulator of a different design with the demodulator/decoder of the invention or the use of a 
demodulator/decoder of a different kind with an encoder/modulator according to the invention so long as the 
signal Information is In a recognized modulation format. 

65 Referring to Figure 1 3. the strongesl code, for the least significant bit or third Incremental subspace of the 8 
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pqK indexino Is a lenath 73 perfect difference set code with 45 Information bits and minimum distance 10 
defied bl a 7*3 b ^73 ci cu^parity check matrix with 10.or.es per column and 10 ones per row The code Is 
^^^bJoSmto^2M.Vi) by setting one of the Information bits to 0 (encoder 206). The code for center 
sSicanl Ut i a [72 63 f] shorten* Hamming code formed by using 72 of the weight three columns of he 
SlI check ^,rix of a length 511 Hamming code as the parity check matrix (encoder 204). The code for the 5 
StSZ bit is a S (72,72.1) code; that is, the information Is uncoded (line 202). The encoder thus 
has the to Sown in Figure 5 and is coupled to a digit-to-modulation mapping subsystem 108 wherein 8-PSK 
module Z SSStoln information channel in the conventional manner. (If the order of bit *nfic^ 
reversed, the form of the encoder is readily compared with the ordenng of subspaces and presentation of Ima. ^ 

"IhestSre' of the demodulator/decoder system 300 according to the invention is shown in Figure 14 The 
inout is a sianal represented by the time-related function no. which Is an analog Input signal or an equivalent 
dig ta s^nal reJreTentatrve J the information and noise In the communication channel ^•j*^; 
«.mniPri data stream of discrete digital values which have a one-for-one correspondence with the analog 
iSomafsig a?Tt the teSa. ofthe communication channel). The '^^'TSl^S^i " 
produces as an output the estimated digital subspace vector values »,«. s 2 u and s 3 <u), which represent the 
distinct s. values delayed by "d" time units. Specific time delays are as follows: ti ~ t-dr. t 2 = t, -d 2 . 
f - tt d 3 - - d where d'represents the delay of decoding In accordance with the order of processing for 
a rece ved vector Several extraction circuits are employed which are operative to calculate log-llkellhood 
va uefas described hereinabove or as elsewhere In the art (for example. In Imal and Hlrakawa) 20 

The demodulaTorCcoder subsystem 300 comprises a first Intermediate extraction circuit E, 302 coupled 
to recerve an analog sign al or equivalent bit stream r«> and to apply a first extracted output signal 304 to a first 
aS^S^^r D, 306. A second algorithm-specific decoder 308 Is also provided. The first and 
sLco^ decoders 306 and 308 Implement the Tanner Algorithm B (Figure 9) and comprise a 

p uraS S f xed reglsfers and working registers (not shown) as needed to execute the algorithm^ The 25 
a gorithm may be implemented in connection with a digital computer processing system of a standard design 
or of a design especially suited to digital signal processing applications. One application has been descnbed In 

310 the output of which is a binary digital value s,««.i supplied to a second time buffer 312. the output of which 30 
tho Hp-;ired estimate value of si for the time slot or frame t 3 . 

The ou Jut of he ftt algorithm-specific decoder 306 is a.so coupled to a second Intermediate e*rac on 
circuit 314 to which is also coupled an analog or equK/alent Input signal r«M. wh.ch Is the Input signal r delayed 
b ™ im ^un"v ia a? rs np ut time buffer b, 316. The second Intermediate extraction circuit E 2 314 processes 
toe de aTed signal or equivalent bit stream rt«o In view of the estimate s,«.i and applies a result In nonblnary 35 
^mtx^on6^m-s^ decoder D 2 308. The output of the second algorithm-specific decoder 
n, 30 I is ^thres^matoS " which in turn is coupled to be applied to a third time buffer B 3 318 and to a third 

£ ™e output of the second algorithm-specific decoder 308 and the output of the first dgoritr^speejflc 40 
decoder m are also coupled to the third intermediate extraction circuit 314 to which Is 
or equivalent (delayed) Input signal r«.>, which is the Input signal r delayed by d, + di- time units via he first 
toout time butter b, 316 and a second input time buffer b 2 322. The third Intermediate extraction circuit E 3 320 

pro^ « 
rasulHn nonbinary form to a hard decision decoder H 324 for the most significant bit. The output of the hard 45 

d tTdec^ 

30? oSs %S!!^^!S^^ n (not shown) for each bit wrth the log-nkellhood ratio for that 
ml^^SX^S^ (E, 302) each log-likelihood represented by a 6-bit quantity In the exemplary 
Socmen ation The iJSwe correction process of Algorithm B (according to the flow chart of Figure 9 Is SO 
T^lZlT^X^M^ before a best estimate for each bit Is produced. The best estimates are fed 
o the ex ractorT f the next stage. The quantized log-llkellhood values provided by the extractor for the 
Algorithm B decoder D 2 308 for the shortened Hamming code. The 
decoder 30i is structured on a graph for the code In which every bit Is checked by exactly thre > of ^the nine 
DariSes The resultant two estimates produced s, and s 2 are fed to the third extractor Ea 320 tor the most 55 
sig^anTbit "age At this operating point, no coding Is required on the most significant bit Inasmuch as the 
orobabS o error of binary PSK is lower than the error rate for the estimates produced by the (72 44.10) 
oecode ^ Conseouen ly thVextractor 320 output is hard limited by the hard decision decoder 324 to produce a 
^tSSZ^^*^ "it. The'output of the hard decision decoder H 324 «• thu.^ djred 
output estimate s 3 «.>. which together with the other values s, and s 2 represent the best estimate of the 60 

'"Sutfi^ *»» b-n -"ducted. The system achieved 

better tha ?SdB o coding gL over uncoded 8 PSK with a Gray code mapping of Information to modulations at 
,! ..nrnHod h» e ror rate of 5 x 10"'. The overall coding rate for the system was 
R+MSj&^lf t5. compares ven, favorably with any other system proposed or 65 
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implemented. At the finite bit error rate operating point of the present system and with actual implementation 
losses, a trellis code will achieve less than Its asymptotic gain. 

The preferred implementation discussed Is only illustrative of the many forms that combined coding and 
modulation systems realizing the advances of the present Invention can assume. For example, it should be 
5 understood that the application of the invention to non-binary subspaces includes multidimensional 
subspaces and the term binary subspace as used herein applies to one-dimensional binary subspaces. It is 
therefore not intended that this invention be limited except as Indicated by the appended claims. 
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Claims 

1. In a digital signal communication system for communicating information through an information 
channel, a method for combined coding and modulation of digital information comprising the steps of: 
15 indexing digital signals representative of elementary modulations by indexing vectors to create a 

decomposition of indexing vectors of an index vector space into a plurality of ordered subspaces, 
including binary and nonbinary subspaces; 

associating with each said indexing vector a Euclidean distance In modulation space such that any 
two modulations whose indexing vectors differ only by a distance vector contained in a'first subspace and 
20 any preceding (higher significant) subspaces of the series of ordered subspaces are separated in said 

modulation space by at least said Euclidean distance ; and 

encoding information signals by encoders employing error-correcting codes, each said encoder 
producing a symbol representative of an indexing vector of the same dimension as a corresponding one 
of said ordered subspaces for communication of said symbol through said information channel. 
25 2. A method according to claim 1 wherein said error-correcting codes are finite length block codes. 

3. A method according to claim 1 or 2 wherein said error-correcting codes are continuous overlapping 
convolutlonal codes. 

4. A method of encoding the modulated signals according to claim 1, 2 or 3 wherein said encoders 
encode concurrently to produce redundant indexing vectors, further including the step of providing said 

30 redundant indexing vectors to a modulator mapping subsystem concurrently along parallel data paths. 

5. In a digital signal communication system for communicating information through an information 
channel, an apparatus for combined coding and modulation of digital information comprising: 

means for indexing digital signals representative of elementary modulations by indexing vectors to 
create a decomposition of indexing vectors of an index vector space into a plurality of ordered 
35 subspaces. including binary and nonbinary subspaces ; 

means coupled to said indexing means for associating with each said indexing vector a Euclidean 
distance in modulation space such that any two modulations whose indexing vectors differ only by a 
distance vector contained in a first subspace and any preceding (higher significant) subspaces of the 
series of ordered subspaces are separated in said modulation space by at least said Euclidean distance; 
AO and 

encoding means coupled to said associating means employing error-correcting codes, each said 
encoding means for producing a symbol representative of an indexing vector of the same dimension as a 
corresponding one of said ordered subspaces for communication of said symbol through said 
information channel. 

45 6. An apparatus according to claim 5 wherein said error-correcting codes are finite length block codes. 

7. An apparatus according to claim 5 or 6 wherein said error-correcting codes are continuous 
overlapping convolutlonal codes. 

8. An apparatus according to Claim 5, 6 or 7 wherein said encoding means encode concurrently to 
produce redundant indexing vectors and further Including a modulator mapping subsystem coupled to 

50 said encoding means, said modulator mapping subsystem for receiving said redundant indexing vectors 

concurrently along parallel data paths. 

9. An apparatus for encoding and modulating digital information to be transmitted as a signal in an 
information channel comprising: 

a first encoder; 
55 at least a second encoder; and 

a digit-to-modulation mapping subsystem coupled to receive encoded information digits from 
respective outputs of said first encoder and said at least second encoder; 

wherein said first encoder generates a strong error-correcting code from a set of possible codes 
i including nonbinary code, with minimum Hamming distance between encoded information digits such 

60 that a change in one information digits applied to said first encoder causes a number of digits at least 

equal to the value of said minimum Hamming distance to be changed for application to said mapping 
subsystem, with a squared Euclidean distance of at least S 2 D, where £ is the Euclidean distance and D 
is the Hamming distance, independent of any changes which occur in the Information digits applied to 
said at least second encoder. 

65 10. A combined decoding/demodulation apparatus for recovering digital Information In the form of 
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indexing vectors in ordered subspaces from an information channel comprising: 

means for receiving noise and modulations through the information channel, said receiving means 

being suited to reception of modulations Introduced into said Information channel including more than 

pure phase shift keying and pure multilevel signaling: 

means coupled to said receiving means for estimating transmitted information from the received 

signal, said estimating means including successive stages of circuitry for extracting information 

pertaining to probability for a value of an indexing vector of a last subspace in a series of ordered 

subspaces not yet estimated as a function of estimated values of indexing vectors in all previously 

decoded subspaces; and 

means coupled to said estimating means for decoding the value of said modulations as an indexing 
vector value for an error-correcting code associated with each successive subspace thereby to produce 
estimates for each indexing vector through a last Indexing vector of a last subspace. 

1 1 . An apparatus according to claim 10 wherein at least one of said decoding means includes means for 
computing a plurality of subcodes and means for selecting from said plurality of subcodes a best estimate 
of a digit value for a received modulation. 

12. An apparatus according to claim 11 wherein one of the decoding means comprises a Tanner 
Algorithm B decoder employing soft decision information. 

13. An apparatus according to claim 10, 11 or 12 wherein said extraction means comprises means for 
producing decoder input information as a function only of a posteriori probabilities for each most likely 
elementary modulation indexed by each possible Indexing vector for its associated subspace in order and 
also indexed by estimated vectors produced by the decoders for each preceding ordered subspace. 

14. In a digital signal communication system for communicating Information through an information 
channel, a method for combined decoding/demodulation to recover digital Information in the form of 
indexing vectors in ordered subspaces from said information channel, said method comprising the steps 
of: 

receiving noise and modulation through said Information channel, said modulations introduced Into 
said information channel including more than pure phase shift keying and pure multilevel signaling; 

estimating transmitted information from the received signal in successive stages for extracting 
information pertaining to probability for a value of the indexing vector of a last subspace In a series of said 
ordered subspaces not yet estimated as a function of estimated values of the indexing vectors in all 
previously decoded subspaces; and 

decoding said modulation value as an indexing vector value for an error-correcting code associated 
with each successive subspace thereby to produce estimates for each Indexing vector through. a last 
indexing vector of a last subspace. 

15. A method according to claim 14 further including the step of computing a plurality of subcodes and 
selecting from said plurality of subcodes a best estimate of a digit value. 

16. A method according to claim 15, wherein the decoding step includes applying a Tanner Algorithm B 
decoding method with soft decision Information to at least one said indexing vector estimate. 

17. A method according to claim 14, 15 or 16, wherein said extraction step includes producing decoder 
input information which is a function only of a posteriori probabilities for each most likely elementary 
modulation indexed by each possible indexing vector for its associated ordered subspace and also 
indexed by estimated vectors produced by the decoders for each preceding ordered subspace. 

18. In a digital signal communication system for communicating Information through an Information 
channel, a method for combined decoding/demodulation to recover digital information in the form of 
indexing vectors in ordered subspaces from said information channel, said method comprising the steps 
of: 

receiving noise and modulations through said information channel, said modulations Introduced into 
said information channel; 

estimating transmitted information from the received signal in successive stages and producing 
decoder input information which is a function only of a posteriori probabilities for each most likely 
elementary modulation indexed by each possible indexing vector for its associated ordered subspace 
and also indexed by estimated vectors produced by the decoders for each preceding ordered subspace 
for extracting information pertaining to probability for a value of the Indexing vector of a last subspace In a 
series of said ordered subspaces not yet estimated as a function of estimated values of the indexing 
vectors in all previously decoded subspaces; and 

decoding said modulation value as an indexing vector value tor an error-correcting code associated 
with each successive subspace wherein the decoding step includes applying a Tanner Algorithm B 
decoding method with soft decision information to at least one said indexing vector estimate thereby to 
produce estimates for each indexing vector through a last indexing vector of a last subspace. 
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© Method and apparatus for combining encoding and modulation. 



© Signal sets are created from available amplitude 
and phase modulations by indexing ordered sub- 
spaces. The subspaces need not be limited to the 
class of subspaces known as binary subspaces. The 
resultant signal sets, for a preselected power and 
bandwidth, are widely separated and unlikely to be 
confused by the effects of channel noise. Such sig- 
nals can be in either finite block or convolution^ 
form, depending on the natural format of the desired 
transmission. Further according to the invention are 



basic apparatus for encoding and modulating as well 
as demodulating and decoding a signal in accor- 
dance with the invention. Specifically, a method is 
provided for decoding that incorporates a specific 
type of decoding/demodulation techniques which de- 
velops accurate estimates of the information from 
the received signal in a computationally efficient 
manner and which permits high speed operation 
using soft-decision decoders. 
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© Quadrature amplitude modulation communication system with transparent error correction. 



© In a multi-level QAM communication system, Reed-Solomon encoders and Reed-Solomon decoders are 
employed for error correction purposes. The phase ambiguity of the received signal is eliminated with differential 
coding. The multi level QAM communication system (100) utilizing n bits ("n" being an integer) QAM signal 
having 2" signal points, comprises: a quadrature differential encoder/decoder unit (12;17) for differentially 
encoding/decoding n pieces of input digital signal series to produce n pieces of differentially coded signal series; 
an error correction unit including a Reed-Soiomon encoder (13) and a Reed-Solomon decoder (16), provided 
inside the quadrature differential encoder/decoder unit (12;17) along a signal processing path of the input digital 
signal series, for error-correcting the n pieces of differentially-coded signal series by utilizing at least one of the 
digital signal series with employment of a Reed-Solomon code; and, a QAM modulator/demodulator unit 
(14;15;34;35) for QAM-modulating/demodulating n pieces of error-corrected signal series so as to produce 2" 
QAM signals. 
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QUADRATURE AMPLITUDE MODULATION COMMUNICATION SYSTEM WITH TRANSPARENT ERROR COR- 
RECTION 



Background of the Invention 



Held of the Invention 

The present invention generally relates to a multi-level QAM (quadrature amplitude modulation) system 
for transferring a digital signal by utilizing the multi-level quadrature amplitude modulation. More specifi- 
cally, the present invention Is directed to a QAM communication system capable of increasing signal 
transmission reliabilities by employing a transparent error correcting method. 



Description of the Related Art 

In a multi-level quadrature amplitude modulation (QAM) communication system in which multi-bit data 

rs such as 4 bits data and 8 bits data are transferred with reference to one signal point on a phase plane 
coordinate including 2" ("n" being the data bit number ) signal points and original data are reproduced 
based upon the relationship between the amplitude and phase, an utilization efficiency in a frequency 
becomes high so that this QAM communication system has been widely utilized in digital microwave 
communications and digital mobile communications. 

20 As previously stated, the signal transmission of the multi-level QAM communication system is carried 
out with employment of the QAM signals produced by synthesizing two orthogonal l-channel and Q-channel 
corresponding to each m-level amplitude-modulated signal. Each of these multi-level QAM signals owns m 2 
(= 2") pieces of signal points. For instance, if "m" is selected to be 16 (n = 6), this multi-level QAM signal 
is equal to 256 pieces of QAM signals having 256 signal points. 

25 In a QAM type receiving system employing synchronous demodulation, a carrier wave is first 
reproduced from this multi-level QAM signal, and then demodulated by utilizing 2 orthogonal-reproduced 
carrier waves having different phases with each other at 90* (degrees), and thereafter "n" pieces of digital 
signal series are obtained in total by way of the multi-level identification. In general, there is a drawback in 
this QAM receiving system that the phases ol the reproduced carrier waves derived from the carrier wave 

30 reproducing circuit have a so-called "phase ambiguity", i.e., the phase becomes any of 0', 90* , 180", and 
270*. Generally speaking, since transmission signal series cannot be correctly reproduced if the phase 
ambiguity exists, it is required to employ any means for eliminating the adverse influences caused by this 
phase ambiguity. To this end, there are some solutions to resolve such a phase ambiguity. That is. for 
instance, a known signal series is periodically transmitted, whereas the phases of the reproduced carrier 

35 waves are discriminated based upon the relationship between this known signal series and the signal which 
has been demodulated and judged by the reproduced carrier waves having the phase ambiguity at the 
signal reception side. Otherwise, a transmission information signal is differential-encoded so as to be 
transmitted, namely which does not directly correspond to the transmission phase, but corresponds to a 
relative phase difference of a continuous transmitting symbol. At a signalreception end. when this 

40 differential-encoded signal is differential-encoded after being demodulated by the reproduced carrier waves, 
the phase ambiguity in the reproduced carrier waves can be resolved. In general, since 1 bit error is 
expanded to a continuous 2-bit error, the differential encoding/decoding method has such an advantage that 
a circuit arrangement thereof is simple, although the bit error rate in the received signal series is increased 
as compared with that of the first-mentioned solution method for judging the absolute phase. Moreover, to 

45 suppress an increase of a bit error rate caused by a differential coding method, there is another method 
that a signal point mapping of a QAM signal is a quadrant symmetry mapping. In accordance with the last- 
mentioned method, since the judgement on the upper 2 bits of the input digital signals which is determined 
by the orthogonal axes (i.e., l-axis and Q-axis) on the phase plane is adversely influenced by the phase 
ambiguity, the differential coding operation is required. However, the judgement on other bits thereof which 

so is determined by the respective amplitude levels' of the l-axis and Q-axis. is not adversely influenced by the 
phase ambiguity, so that no differential coding operation is required. 

Although the QAM modulation method has an advantage of the higher frequency utilization, there is a 
drawback that when the number of the bits transmitted with 1 symbol, namely the value of "n" is increased, 
the bit error rate deteriorated even when the transmission power per 1 bit is selected to be equal. Under 
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such a circumstance, it is required to improve the Jbit error rate in the multi-level QAM communication 
system to employ an error correcting method. On the other hand, a QAM modulation system is originally 
employed so as to increase the frequency utilization efficiency, and accordingly, there is a severe restriction 
in an available frequency band in systems with employment of the QAM modulation method, such as a 

5 digital microwave radio communication system. As a consequence, it is expected to utilize a higher coding 
rate having a less redundant bit to be added to the input digital signal in the error correcting method. 

Furthermore, various limitations are provided so as to apply the error correcting method to the QAM 
communication system with employment of the above-described differential coding system. First, when the 
error correcting encoder/decoder are provided outside the differential encoding/decoding processors, since 

w the 1 bit error occurring on the signal transmission channel is expanded to the 2-bit error due to the 
differential decoding process, the loads required for the error correcting encoder/decoder become large. In 
other words, the error correction codes having the greater correction capability are required so as to 
achieve the same reliability as that of the other case where the error correcting encoder/decoder are 
provided inside the differential encoding/decoding processors. As a result, since the redundant bit number 

is to be added to the input digital signal is increased, there are problems that the resultant utilization efficiency 
of frequency is lowered and the circuit arrangement of the error correcting decoder becomes large. 

It should be understood that the expression "outside" and "inside" described above are defined as 
follows. That is, for instance, the error correcting encoder/decoder are positioned outside the differential 
encoding/decoding circuits in a circuit arrangement provided along a flow of an input digital signal (i.e., 

20 along a signal processing sequence). 

Conversely, in case that the error correcting encoder/decoder are provided inside the differential 
encoding/decoding circuits along the signal processing path, the adverse influence caused by the phase 
ambiguity in the reproduced carrier waves is not yet resolved at the input unit of the error correcting 
encoder. As a result, in such a case, it is required to employ such an error correcting code, namely a 

25 transparent error correcting code that even if the input signal is adversely influenced by the phase 
ambiguity in the reproduced carrier waves, e.g., bit inversion of the input signal, the error correction can be 
correctly performed with respect to the bit-inverted input signals. 

As an error correcting code, there are a binary error correcting code and a nonbinary error correcting 
code. When a transparent binary error correcting encoder is employed inside differential encoding/decoding 

30 circuits, the transparency can be established by employing error correcting encoders/decoders in "n" 
pieces of signal series. However, this system has a drawback that when the multiple number of the QAM 
system is increased, a total number of the required error correcting encoders/decoders is also increased. In 
addition, there is a drawback in the binary error correcting code such that it is very difficult to produce a 
code whose coding rate is extremely high. When the decoding delay time of the error correcting code is. 

35 for instance, 63 symbols, even the resultant coding rate of the binary BCH (Bose-Chaudhuri-Hocquenghem) 
codes (63, 57). is 90.5%, by which a single error can be corrected, and thus the frequency band is 
expanded by approximately 10%. On the other hand, when the nonbinary error correcting code is 
employed, many difficulties may occur in realizing the above-described transparent conditions. Although 
there has been proposed that the signal point mapping of the QAM signal is the natural binary mapping and 

40 the Lee error correcting code is employed, since only such a case that errors occur in the signal points 
near the transmission signal points can be corrected based upon the Lee error correcting code, the error 
correcting effect cannot be expected in the communication channel or path which are subjected to a fading 
phenomenon. In addition, the coding rate of the Lee error correcting code is not always good as other . 
nonbinarycodes. 

45 As previously described, in the conventional QAM communication system employing the binary error 
correcting code, there are such problems that since the coding rate cannot be high, the efficiency in the 
frequency utilization is lowered and also the total number of the required error correcting 
encoders/decoders to perform the differential encoding operation is necessarily increased. Furthermore, in 
accordance with the conventional QAM communication system employing the Lee error correcting code, 

so there are such a drawbacks that the error correction can be limitedly executed only to the signal points 
having a small distance on the signal point mapping. 

The above-described problems of the conventional multi-level QAM communication system will now be 
described in detail. 

That is, while the original data is reproduced from the received signal in the conventional multi-level 
55 QAM communication system, since the capture phase of the reproduced carrier wave has such phase 
ambiguity of 0. ir/2, v or 3W2 radians, the two digital signal series to determine the quadrant of the phase 
plane are generally differential-encodeoVdecoded by employing the quadrant differential encoder/decoder. 
On the other hand, there exist a natural binary mapping method, a Gray code mapping method and a 
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quadrant symmetry mapping method as a signal point mapping method tor mapping 2" pieces of signal 
points from the n bits digital signals. 

As typical examples, Fig. 1 represents a signal point mapping for a 16-QAM communication system 
with employment of the Gray mapping method, whereas Fig. 2 represents another signal point mapping for 
5 a 16-QAM communication system with employment of the quadrant symmetry mapping. Further, Fig. 14 
indicates a signal point mapping with employment of the natural binary mapping.As apparent from Fig. 1 , 
the respective signal points are symmetrically positioned with respect to the respective I and Q coordinate 
axes in the Gray coded mapping. To the contrary, the signal points positioned in the respective quadrants 
are arranged in the quadrant symmetry mapping in such a manner that these signal points are rotated with 
10 respect to those of the adjoining quadrants. 

In these mapping methods shown in Figs. 1, 2 and 14, the inlluences caused by the phase shifts of *!2. 
■a , and 3tt/2. which are given to the received signal series, are expressed in Figs. 15A to 15C: 

In general, it is known that the transmission capacity and frequency utilization efficiency in such a multi- 
level QAM communication system can be increased by increasing the signal points. However, the more bit 
is numbers are increased, the more bit error rate is increased due to the imperfectness of the appliances. It is 
desired that the error correction encoding/decoding operations must be performed with slightly lowering the 
frequency utilization efficiency so as to improve the QAM communication quality. 

Thus, as previously stated, in case that the error correction encoder/decoder are provided outside the 
differential encoding/decoding circuits along the signal processing path, since the continuous bit errors are 
20 produced by the differential encoding operation, the error correcting capability of the error correction code 
must be emphasized or the interleaver must be employed. 

However, when the error correcting capability of the error correction code is increased, the frequency 
utilization efficiency is deteriorated. When the interleaver is newly employed, not only the circuit scale of 
the entire system becomes large, but also the decoding delay time is increased. As a consequence, it is 
25 generally accepted to arrange such error correction encoder/decoder inside the differential 
encoder/decoder. 

It should be noted that when the error correcting encoder/decoder are arranged inside the differential 
encoder/decoder, the error correction must be correctly performed even when the signal series are varied 
as represented in Fig. 14 due to the ambiguity of the capture phase in the reproduced carrier wave, and 

ao simultaneously, the phase ambiguity must be preserved even when the error correction encoding/decoding 
operations are carried out. It should be also noted that the error correction code which can satisfy such a 
condition is called as a transparent code with respect to a phase rotation in an input signal. 

As conventional circuit arrangements for the transparent codes with respect to the phase rotations in the 
input signals, there have been proposed: Japanese KOKAI (Disclosure) patent application No. 63-210252, 

35 and "6GHZ 140MBPS DIGITAL RADIO REPEATER WITH 256QAM MODULATION" by Y. Yoshida et al. 
Proceedings of International Conference on Communications 1986. No. 46-7, pages 1482 to 1486. 

In the multi-level QAM communication system as disclosed in the above-described Japanese KOKAI 
patent application No. 63-219252, there are various drawbacks. That is, since the error correction 
encoding/decoding operations are independently performed with respect to each of "n" pieces of digital 

io signal series which constitute the in phase channel and also the channel orthogonalized the in-phase 
channel, "n" pieces of encoders and also of decoders are required. As a result, the scale of the entire 
apparatus becomes large. 

On the other hand, in the multi-level QAM communication system as described in the above publication, 
i.e., ICC '86,-46-7, there is employed such an encoding/decoding method with employment of the Lee error 
45 correction code, for the respective signal series combinations between n/2 series combinations to constitute 
the in-phase channel and n/2 series combinations to constitute the orthogonalized channel. However, this 
conventional communication system is limited to such a natural binarymapping method for mapping the n 
bits data to the signal points. Furthermore, there are many other limitations for the constituting methods of 
the error correction codes. 

50 

Summary of the Invention 

The present invention has been made in an attempt to solve the conventional problems, and therefore 
55 has a primary object to provide a QAM (quadrature amplitude modulation) communication system capable 
of realizing a higher coding rate and higher reliability. 

Moreover, the present invention has a secondary object to provide a multi-level QAM communication 
system in which both the error control code and mapping methods are freely selected, a total quantity of 
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encoders/decoders is smaller than a bit number of ,input digital data, and a transparent error correction 

coding for a phase rotation can be realized. 

In addition, a third object of the present invention is to provide a multi-level QAM communication 

system in which clock frequencies of error correction encoder/decoder can be lowered with respect to a 
5 modulation frequency of a quadrature amplitude modulator. 

A quadrature amplitude modulation system, according to the present invention, comprises: 

differential encoder/decoder means (12;17) for differentially encoding/decoding n pieces of input digital 

signal series to resolve phase ambiguity contained in the differentially encoded input signal series; 

error correction means including a Reed-Solomon encoder (13;83) and a Reed-Solomon decoder (16;87). 
io provided inside said differential encoder/decoder means (12;17) along a signal processing path of said input 

digital signal series, for error-control-encoding/decoding said n pieces of differentially-coded signal series 

by utilizing at least one of said digital signal series to correct errors with employment of Reed-Solomon 

codes; and, 

QAM modulator/demodulator means (14;15:34;36;80;82) for QAM-modulating/demodulating n pieces of 
»s error-control-coded signal series so as to produce 2 n QAM signals. 



Brief Description of the Drawings 

20 For a better understanding of the present invention, reference is made to the following detailed 
descriptions in conjunction with the drawings, in which: 

Figs. 1 and 2 schematically illustrate known signal point mappings; 

Fig. 3 is a schematic block diagram of a QAM (quadrature amplitude modulation) communication 
system 100 employing a first basic idea, according to a first preferred embodiment of the present invention; 
25 Fig. 4 is a schematic block diagram of another QAM communication system 200 employing the first 

basic idea, according to a second preferred embodiment of the present invention; 

Fig. 5 is a schematic block diagram of an internal circuit of the Reed-Solomon encoder 16 employed 
in the second QAM system 200; 

Fig. 6 is a schematic block diagram of an internal circuit of the Reed-Solomon decoder 16 employed 
30 in the second QAM system 200; 

Fig. 7 is a schematic block diagram of an internal circuit of the syndrome generator 50 employed in 
the second QAM system 200; 

Fig. 8 is a schematic block diagram of a 256-QAM communication system 300 employing a second 
basic idea, according to a third preferred embodiment of the present invention: 
35 Fig. 9 is a schematic block diagram of another 256-QAM communication system 400 employing the 

second basic idea, according to a fourth preferred embodiment of the present invention; 

Fig. 10 is a schematic block diagram of a still further 156-QAM communication system 500 arranged 
by utilizing the second basic idea, according to a fifth preferred embodiment of the present invention; 

Fig. 1 1 is a schematic block diagram of a 64-QAM communication system 600 constructed by using 
40 the third basic idea, according to a sixth preferred embodiment of the present invention; 

Fig. 12 is a schematic block diagram of another 64-QAM communication system 700 employing the 
first basic idea, according to a seventh preferred embodiment of the present invention; 

Fig. 13 is a schematic block diagram of another 256-QAM communication system 800 employing 
unique word adder/detector and no quadracture differential encoder/decoder, according to an eighth 
45 preferred embodiment of the present invention; 

Fig. 14 schematically illustrates a natural binary mapping; and. 

Fig. 15A to 15C are tables for explaining phase reference error effects occurred in the three typical 
mapping methods. 



Detailed Description of the Preferred Embodiments 



BASIC IDEAS 
55 

Before describing various preferred embodiments, two basic ideas of the present invention will now be 
summarized. 
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A multi-level QAM (quadrature amplitude modulation) communication system according to the first basic 
idea of the present invention, is featured by employing error correcting means for performing both encoding 
and decoding operations of the Reed-Solomon code under the condition that all or a portion of "n" pieces 
of input signal series for determining a signal point mapping is used as a symbol. Also, in case that the 

5 differential coding operation is performed by employing a natural code mapping, such an error correcting 
means is employed to independently perform both encoding and decoding operations for the Reed- 
Solomon code with respect to two "I" and °Q" channels orthogonalized with each other. Although there are 
many generator polynomials for constracting the Reed-Solomon code, such a Reed-Solomon code that 
codeword polynomials are not divisible by x-1 (namely, the generator polynomial is not divisible by "x - 1 ") 

io is utilized so as to establish transparency. 

In the above-described first QAM communication system, when (u.k) linear block codes are employed, 
a frequency band width expanding rate for influencing the QAM communication system is determined by 
the coding rate of the block codes. To correct a t-symbol. all of the linear block codes must satisfy a limit 
formula of tS(u-k)/2. In other words, a redundant symbol number (u-k) cannot be reduced by two times of 

J5 the correction capability. A Reed-Solomon code can satisfy this limit formula, so that the frequency 
expanding rate can be suppressed to a minimum value in such a QAM communication system employing a 
Reed-Solomon code. 

Due to the phase ambiguity of the reproduced carrier waves, the respective "I" and "Q" channels 
cause signal changes different from each other. However, this adverse influences can be eliminated by 

20 independently performing both the encoding/decoding operations of the Reed-Solomon code with respect to 
two "I" and "Q" channels orthogonalized with each other. 

Furthermore, even when the signals are inverted in the QAM communication circuit due to the phase 
ambiguity of the reproduced carrier waves, the transparency can be established by utilizing such a Reed- 
Solomon code in which a generator polynomial is not diylslble by x-1. That is, in case that the signal point 

25 mapping corresponds to the natural code mapping, a necessary/satisfactory condition such that a Reed- 
Solomon code is equal to a transparent code, is as follows: Any codeword polynomial of the code is not 
divisible by x-1. Another multi-level QAM communication system according to a second basic idea, owns 
the following features: 

In a multi-level QAM communication system in which a bit number of transmitted/received data is equal 

30 to "n" and there are provided 2" pieces of signal points, an error correction coding operation is separately 
carried out with respect to each of signal series used for determining a quadrant of a phase plane, and also 
to other signal series among "n" pieces of signal series for determining a signal. 

As represented in Fig. 15(C), in a multi-level differential QAM communication system in which a signal 
point mapping is determined based upon a quadrant symmetry mapping, a bit inversion and a signal series 

35 substitution may occur with respect the signal series (It, Qi) for determining quadrants of a phase plane 
when the capture phases of the reproduced carrier waves are shifted by w/2, v, or 3w/2. However, such a 
phase ambiguity of the reproduced carrier wave gives no influence to other signal series (I?, — , Qz.— 
.Qna). Therefore, if an error correction coding operation has been performed for the signal series (li, Qi) 
separately, whereby data bits of which have been inverted can be decoded, even when an arbitrary error 

40 correction coding operation is carried out for other signal series (b,— , l n/2 : Qa,—, Q„«), the transparency of 
this arbitrary error correction coding operation can be compensated. 

Furthermore in another multi-level difference QAM communication system in which a signal point 
mapping is determined by the Gray coding operation, as represented in Fig. 15(D), n bit inversion and a 
signal series substitution may occur similar to the previous QAM communication system with respect to the 

45 signal series (li. Qi) used for determining quadrants of a phase plane if the phases of the reproduced 
carrier waves are shifted. To the contrary, in other signal series, only a signal series substitution may occur 
between the signal series of the l-channel (12,— , l,^) and the signal series of the Q-channel (Q2.— . Qn«). 
Therefore, such an error correction coding operation by which data whose bit has been inverted can be 
decoded is independently performed as to the signal series (U, Qi), and an arbitrary error correction coding 

so operation is carried out for each of combinations between other l-channel signal series and the Q-channel 
signal series. Thus, this coding method can establish the transparency with respect to the phase rotation. 

A third basic idea of the present invention is as follows. That is, "h" pieces of input signal series among 
"n" pieces of input signal series having 2" QAM signal points are encoded by the Reed-Solomon code on 
Galois field GF(2'), where "n" and "h" are integers, "n" is larger than or equal to "h". and "I" is larger than 

55 or equal to "h". When a relationship "l=Axh"'is satisfied, the clock frequency of the error correcting 
encoder/decoder can be reduced by 1/A of the QAM modulation velocity. Also, in case of 2 h n (namely, a 
plurality of signal series are encoded with one Reed-Solomon code, a total number of the combinations 
constructed of the error correcting encoder/decoder can be selected to be smaller than the total number (n). 

6 
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of the input signal series. 



ARRANGEMENT OF FIRST QAM COMMUNICATION SYSTEM 



5 



In Fig. 3, there is shown an arrangement of a QAM (quadrature amplitude modulation) communication 
system 100 according to a first preferred embodiment of the present invention. This first QAM communica- 
tion system 100 utilizes the above-described first basic idea therein, and the natural binary mapping method 

io as represented in Fig. 14 (i.e., 16-QAM signal point mapping). 

For a better understanding of this natural binary mapping method, the phase reference error effects 
caused by this mapping method are shown in Fig. 15A in comparison with those of other mapping methods 
shown in Figs. 15B and 15C. However, such phase errors can be corrected by the QAM communication 
system 100 (will be discussed in detail). 

is The modulator transmits each n-bit information symbol by modulating a pair of orthogonal carriers, 
called I and Q. Each carrier takes one of the 2 2 " 1 , amplitude levels, each representing a set of n/2 

information bits, {li, b I„a> or {Qi. Q2 Qnn}. The demodulator regenerates the l-Q carrier with 0', 

90* , 180* , or 270* phase ambiguity. 

Fig. 15 shows the phase reference error influence on the received data for typical three signal mapping 

20 methods: natural binary, Gray, and quadrant symmetry. In the table. X|'s and yi's are transmitted bits in the 

sets {l|} and {Qi}, respectively, where X|, yi — {0, 1} and i = 1,2 m. For a differentially encoded 

multilevel QAM system, an error control scheme must be designed, taking into consideration such phase 
ambiguity influences. 

In the first QAM communication system 100 shown in Fig. 3, 8 digital signal series input into input 

as terminals 11-1 to 11-8 are processed by a quadrature differential coding operation in four quadrature 
differential encoders 12-1 to 12-4. This differential coding operation is carried out for each combination of 
two signal series, for instance, the respective combinations of two input signal series 11-1 and 11-5; series 
11-2 and 11-8; series 11-3 and 11-7; series 11-4 and 11-8. Two output signals derived from the respective 
quadrature differential encoders 12-1 through 12-4 are supplied to two Reed-Solomon encoders 13-1 and 

30 13-2 respectively. It should be noted that the generator polynomial of the first Reed-Solomon encoder 13-1 
is identical to that of the second Reed-Solomon encoder 13-2. A code employed in the respective encoders 
13-1 and 13- 2 is a code of GF (2*), and a generator polynomial G(X) thereof is not divisible by X-1. In .the 
first and second Reed-Solomon encoders 13-1 and 13-2, the input 4-bit signals are encoded as 1 symbol. 
Assuming now that the generator polynomial corresponds to G(X) = (X-a)(X-o 2 ), where is a primitive element 

35 of GF(2*), redundant 2 symbols are added to each of the input 13 symbols. Both the first and second Reed- 
Solomon encoders 13-1 and 13-2 output digital signals tor constituting the l-axis(channel) and Q-axis to a 
QAM modulator 14. In the first preferred embodiment, the digital signal input into the l-axis is "x", whereas 
the digital signal input into the Q-axis is "y". The QAM modulator 14 modulates a signal with natural binary 
mapping, and transmits the modulated digital signal(QAM signals) to the signal transmission channel 20. A 

40 QAM demodulator 1 5 reproduces a carrier wave from the quadrature amplitude -modulated (QAM) signal 
received via the signal transmission channel 20 form the QAM modulator 14 so as to demodulate the input 
QAM signal by this carrier wave. As previously described, the digital signals input into both the l-axis and 
Q-axis of the QAM modulator 14 are not always coincident with the output signals of the l-axis and Q-axis of 
the QAM demodulator 15 due to the ambiguity of phase. When the phase shifts in the reproduced carrier 

45 waves are 0* (degree), 90* , 180', and 270* respectively, the output signals from the QAM modulator 15 
are: (I.Q) = (x.y) , (x, y~) , ( x~, y~) and ( x~,y) respectively, as represented in Fig. 15(a). The output signal of 
the l-axis in the QAM demodulator 15 is supplied to a first Reed-Solomon decoder 16-1, whereas the output 
signal of the Q-axis in the QAM demodulator 15 is furnished to a second Reed-Solomon decoder 16-2. That 
is, the output signal derived from the first or second Reed-Solomon encoders 13-1 and 13-2 is directly input 

50 into the first Reed-Solomon decoder 16-1. Otherwise, the above-described output signal is once bit-inverted 
and the resultant bit-inverted signal is supplied to this first Reed-Solomon decoder 16-1. The second Reed- 
Solomon decoder 16-2 receives the output signal derived from either the first Reed-Solomon encoder 13-2 
in the similar condition as described above. As the first Reed-Solomon encoder 13-1 has the same 
generator polynomial as that of the second Reed-Solomon encoder 13-2, the following condition is required 

55 so as to establish that the error correction encoder/decoder, i.e., the Reed-Solomon encoder/decoder are 
transparent. That is to say, even when all of the bits of the transmitted code words are inverted, the 
transparency can be established if the complement of a valid codeword is a valid codeword. As will be 
discussed later, if the generator polynomial of the code word generated in both the Reed-Solomon 
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encoders 13-1 and 13-2 is not divisible by x-1. the desirable code words can be obtained even when all of 
bits of code words are inverted. As a consequence, a 1 -symbol error occurring on the signal transmission 
channel 20 can be corrected in both the Reed-Solomon decoders 16-1 and 16-2. Thus, the outputs derived 
from the Reed-Solomon decoders 16-1 and 16-2 are furnished to four quadrature differential decoders 17-1 
s to 17-4 under such a condition that the corresponding signal series are combined. In the quadrature 
differential decoders 17-1 to 17-4, the quadrature differential decoding operation is carried out for these 
input signals so as to reproduce desirable signals which will be then output from output terminals 10-1 to 
10-8. 

In accordance with the first preferred embodiment, there is a particular advantage that the 1 symbol 
io error can be realized at a coding rate of 87%. In comparison with the conventional single-error-correction 
binary BCH(Bose-Chaudhuri-Hocquenghem) code under the same delay time condition, it becomes (15. 11) 
code so that the coding rate becomes merely 73%. To the contrary, as previously described, there is 
another particular advantage that the frequency can be utilized in a considerably higher efficiency. 

75 

DESIRED CODE WORD 



Even when all of bits of an input signal are inverted, a valid code word can be obtained if a generator 
20 polynomial is not divisible by x-1 . which will be certified as follows. Considering a Reed-Solomon code of 
GF (2 s ). it is assumed that that m = 2*-1 and a primitive element of QF(2 5 ) is a. Also, it is asumed that 
among symbols q° to a m constructed of s bits. a b = (1,1.— ,1). The Galois Field GF(2 5 ) is an extension field 
of GF(2). which results in 2'X 1 = 0. As a consequence, it can be expressed by (X m - 1) = (X - 1)'(X m- ' + 
X mZ — + x + 1). Then. X m -1 contains as a factor the generator polynomial G(X). As a consequence, if G- 
25 (X) does not contain X = 1 as a root, since the generator polynomial (X m-1 + X m " 2 — + X + 1) all 
coefficients of which are a® = (0. — .0,1) includes G(X) as the factor, the codeword corresponding to all one 
polynomial is a valid codeword. The all a b polynomial (o b X ^, • , + a b Xr 2 + — + a b X + o b ), all bits of which 
are 1. namely all coefficients are "a b ". may be rewritten as a b, (X m0 + X m2 — + X + 1), so that it 
contains G(X) as a factor and thus the codeword all bits of which are 1 is a validcode word. Accordingly, 
so since the received signal, all bits of which have been inverted, is equal to a signal obtained by adding the 
code word corresponding (c^X" 1 " 1 + o b X m ' 2 — + o b X + a b ) to the transmitted code word S(X), this signal 
becomes a code word. It should be noted that the generator polynomial of the Reed-Solomon code is given 
by 

as d-2+r 

G(X) = i n r (X - a' ) - (X - a' ) (X - a'*» )-— (X - B «-«*/ ) 

.and this generator polynomial is defined in the following equation (3). for instance i = 1. In order not to 
40 contain X = 1 as a root: 

G(X) = (G-a)(X-a*)-(X-a d ') (3) 

where a symbol "d" indicates the minimum distance of the code. 



« SECOND QAM COMMUNICATION SYSTEM 



In the above-described first QAM communication system 100, the 4-bit input signal has been coded as 
1 symbol. Alternatively, in a second QAM communication system 200 shown in Fig. 4, an 8-bit input signal 

50 is coded as 1 symbol. The above-described third object of the present invention can be achieved by this 
second QAM communication system 200 employing the first basic idea and also the natural binary mapping 
method. That is. the second QAM communication system 200 has such a particular advantage that clock 
frequencies of error correction encoder/decoder can be selected to be lower than a modulating frequency of 
a quadrature amplitude modulator. , 

55 It should be noted that the same reference numerals shown in Fig. 3 will be employed as those for . 
denoting the same or similar circuit elements shown in the following figures, and no further explanation 
thereof is made in the following descriptions. 

In the second QAM communication system 200 shown in Fig. 4, digital signals inputted into 8 input 
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terminals 11-1 to 11-8 are supplied to 4 quadrature differential encoders 12-1 to 12-4 so as to be processed 
by a predetermined quadrature differential encoding process. The 8 differential-encoded 4-bit digital signals 
are furnished to two 4-to-8 bits parallel-to-parallel converters 30-1 and 30-2 thereby to obtain two pieces of 
8-bit parallel data. These 8-bit parallel data are further supplied to 2 Reed-Solomon encoders 13-1 and 13-2 

5 which are similar to the Reed-Solomon encoders employed in the first QAM communication system 100. so 
that these 8-bit parallel data are processed by a predetermined Reed-Solomon encoding process. Subse- 
quently, these encoded 8-bit parallel data are input into a 256-QAM modulator 34 via two 8 to 4 bits 
parallel/parallel converters 32-1 and 32-2. 

The 4-bit digital data which has been modulated in this 256-QAM modulator 34. is further supplied via 

10 the signal transmission channel 20 to a 256-QAM demodulator 36, whereby this 4-bit modulated digital data 
is demodulated therein. Thus, the demodulated 4-bit digital data is once converted into corresponding 8-bit 
parallel data by two sets of 4-to-8 bits parallel/parallel converters 38-1 and 38-2. Then, two pieces of 8-bit 
parallel data are decoded in the respective Reed-Solomon decoders 16-1 and 16-2. Thereafter, the decoded 
8-bit parallel data are again converted into 8 pieces of 4-bit parallel data in two 8-to-4 bits parallel/parallel 

75 converters 39-1 and 39-2 and then are processed by a differential decoding process in 4 quadrature 
differential decoders 17-1 to 17-4. respectively. The resultant 8 pieces of digital signals are obtained from 8 
output terminals 18-1 to 18-8. 

Similarly, in accordance with the above-described second QAM communication system 200. the codes 
employed in these Reed-Solomon encoders 13-1 and 13-2 are GF(2 8 ). and the generator polynomial thereof 

20 G(X) is not divisible by x-1. as the root. Since the Reed-Solomon encoders 13-1 and 13-2 perform the 
coding operations for the 8 bits digital signal as 1 symbol, there are provided the 4-to-8 bits parallel/parallel 
converting circuits 30-1 and 30-2 and the 8-to-4 bit parallel/parallel converting circuits 32-1 and 32-2 
therebetween. 

Assuming now that the generator polynomial G(X) of this code is expressed by: 

25 G(X) = (X-a)P(-a 2 )(X-o3)(X-a*) 

= X* + a^X 3 + er 2S, X 2 + o"X + a' 0 (4). 

redundant of four symbols are added thereto every time 251 symbols are input into the Reed-Solomon 
encoders 13-1 and 13-2. An internal circuit of the respective Reed-Solomon encoders 13-1 and 13-2 is 
constructed as represented In. for instance. Fig. 5. 

30 This Reed-Solomon encoder 13 per se shown in Fig. 5 is known in this field. In this Reed-Solomon 
encoder 13. four D flip-flops 42A to 42D. four multipliers 46A to 46D, and four adders 44A to 44D are 
mutually connected as represented in Fig. 5. These adders 44A to 44D perform the adding operation over 
GF (2 8 ), whereas the multipliers 48A to 48D perform the multiplication over GF(2 8 ). As a result, the encoder 
13 is constructed based upon the transparent Reed-Solomon code. 

35 In the second QAM communication system 200 with the above-described circuit arrangement, the error 
less than 2 symbols occurring in the signal transmission channel 20 can be corrected by the Reed-Solomon 
decoders 16-1 and 16-2. 

These Reed-Solomon decoders 16-1 and 16-2 may be realized by a circuit arrangement shown in Fig. 

6 - 

40 Similarly, the Reed-Solomon decoder 16 itself represented in Fig. 6 is known in the art. This Reed- 
Solomon decoder 16 is constructed of a syndrome generator 50. an error location polynomial calculator 51. 
a Chien search circuit 52, an error value calculator 53, and an error correction circuit 54. Furthermore, a 
correction/detection controller 55 is employed to receive the output signals derived from the syndrome 
generator 50. error location polynomial calculator 51 and chien search circuit 52. Both the error location 

45 polynomial calculator 51 and error correction circuit 54 are under control of this correction/detection 
controller 55. To this error correction circuit 54, data which has been obtained by delaying the received 8- 
bit data is supplied. 

In Fig. 7. there is shown an internal circuit arrangement of this syndrome generator 50. As apparent 
from Fig. 7, the syndrome generator 50 is so constructed by employing 4 sets of circuit arrangements each 
so including an adder 50A, multiplier 50B, and D flip-flop 50C. These multipliers carry out the multiplication 
with a. a 2 , a 3 and B * times. The syndrome output signals "Si" to "St" are derived from these four lines and 
represented in the right-half portion of Fig. 7. 

According to the above-described second preferred embodiment, the above-explained 2-symbol error 
correction can be realized at the coding rate of 98.4%. If the conventional binary BCH code for correcting 
55 two errors would be utilized under the same delay time condition, it will become (511,493) codes at the 
coding rate 96.5%. As a consequence, the frequency can be effectively utilized in the second QAM 
communication system 200. Moreover, if the conventional binary BCH code, or Lee error correction code is 
employed in the conventional QAM communication system, the clock frequencies of the encoders and' 
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decoders cannot be lower than the modulating frequency. To the contrary, as described in the second 
preferred embodiment, in the case that 1 symbol of the Reed-Solomon code is allocated to 2 modulation 
symbols, the clock frequencies of the encoder 13 and decoder 16 can be selected to be a half of the 
modulation velocity (modulating frequency). As previously stated, since the clock frequencies of the 

5 encoder 13 and decoder 16 can be lower than the modulation velocity in accordance with the second 
preferred embodiment, there is a particular advantage in designing the error correction circuit of the high- 
speed data transmission system. 

It should be noted that the generator polynomial with respect to the second QAM communication 
system 200 is not divisible by x-1 . 

10 As described in Fig. 1 2. many other modifications may be realized without departing from the first basic 
idea of the present invention, that is. the Reed-Solomon code is utilized while maintaining the transparency 
of the error correction code. 

While the multi-level QAM communication system capable of having a transparent error correction with 
employing the first basic idea of the present invention has bee/i described, the frequency efficiency can be 

15 considerably increased as compared with that of the conventional QAM communication system. In other 
words, not only the frequency utilization efficiency can be improved, but also the total number of the 
encoders/decoders can be reduced, in comparison with those of conventional QAM communication system 
with employing the binary BCH code. 

Furthermore, not only the frequency utilization efficiency can be considerably improved, but also the 

20 reliability can be increased, as compared with the conventional multi-level Lee error correction code. This 
system has a particular merit when utilized in a mobile communication with a fading phenomenon. 
According to the first basic idea of the present invention, it can provide a multi-level error correction code 
capable of maintaining the transparency even when the differential encoding/decoding .operations are 
performed. That is, the transparency can be maintained by the following methods. Namely, in case that the 

25 signal point mapping is the natural code mapping, such a Reed-Solomon code is employed that (X - 1) is 
not included in the generator polynomial as the factor. 



THIRD QAM COMMUNICATION SYSTEM 

30 

Referring now to Fig. 8. a 256-QAM communication system 300 employing the second basic idea, 
according to a third preferred embodiment of the present invention, will be described. 
Fig. 8 is a schematic block diagram of the 256-QAM communication system 300. 

35 In Fig. 8 at a signal transmission side, as viewed in the left side of this drawing, 8 digital signal series 
are inputted via 8 input terminals 11-1 to 11-8. The 2 bits digital signals supplied from two input terminals 
11-1 and 11-2 are furnished to a quadrature differential encoder 32 so as to be differential-encoded therein. 
Then, the resultant 2 bits differentially-encoded signals are separately supplied to first and second encoders 
33 and 34 having the same function with each other, whereby 2 bits encoded data are Obtained therefrom. 

ao On the other hand, 6 bits digital signals inputted from the remaining 6 input terminals 11-3 to 11-8 are 
supplied to a third encoder 35 thereby to obtain 6 encoded digital signals. It should be noted that the codes 
employed in the first and second encoders 33 and 34 are Identical to each other, and correspond to such 
an error correction code having all 1 vectors as the code words. The code employed in the third encoder 35 
may be selected to be an arbitrary code. When, for instance, a Reed-Solomon code on GF(2 6 ) capable of 

45 correcting a symbol error is utilized as this code for the third encoder 35, there is a particular effect since 
the correction capability is great with respect to redundancy. 

The 8 bits digital signals derived from the first to third encoders 33. 34 and 35 are converted by a 256- 
QAM modulator 36 into signal waveforms corresponding to signal points which have been mapped based 
upon the quadrant symmetry mapping, and thereafter output to a signal transmission channel 20. 

so On the other hand, at a signal reception side. 8 bits digital signals which have been demodulated by a 
256-QAM demodulator 38 are error-corrected by first to third decoders 39. 40 and 41 which correspond to 
the first to third encoders 33. 34 and 35. The 2 bits digital signals output from the first and second decoders 
39 and 40 are differential-decoded in a quadrature differential decoder 42. Thus, the two signal series 
derived from the differential decoder 42 are outputted from output terminal 18-1 and 18-2 , whereas the 

55 remaining signal series derived from the third decoder 41 are outputted from other output terminals 18-3 to • 
18-8. 

In the 256 QAM communication system 300 of the quadrant symmetry mapping according to the third 
preferred embodiment, the error correction coding operations are separately performed with respect to the 
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combinations between the signal series for determining the quadrant of the phase plane, and other signal 
series, so that the transparent coding operation can be realized with respect to the phase rotations 
occurring between the input digital signals and output digital signals. 

As a consequence, when the combinations of the signal series which have no relation to determine the 
5 quadrant of the phase plane are encoded, since a plurality of signal series can be encoded as inputs, the 
resultant circuit arrangement can be made small, as compared with such a. case that all of the signal series 
are independently encoded. 



Furthermore, a 256-QAM communication system 400 utilizing the second basic idea, according to a 
fourth preferred embodiment of the present invention, will now be described with reference to Fig. 9. 

rs That is, Fig. 9 is a schematic block diagram for representing the fourth 256-QAM communication 
system 400 of the quadrant symmetry mapping. 

At a signal transmission side, as viewed in a left side of Fig. 9. 8 digital signal series are inputted into 
this system 400 via 8 input terminals 11-1 to 11-8. The 2 bits digital signals inputted from the two input 
terminals 11-1 and 11-2 are supplied into a differential encoder 45 so as to be differentially-encoded. The 

20 resultant 2 bits differentially-encoded signals are separately supplied to a first encoder 46 and a second 
encoder 47 having the same function as that of the first encoder 46, whereby 2 bits encoded digital signals 
are produced therefrom respectively. Another 2-bit digital signal combination inputted from the subsequent 
two input terminals 11-3 and 11-4 is furnished to a third encoder 48 so as to be encoded. Similarly, each of 
2-bit digital signal combinations which are inputted from two input terminals 11-5 and 11-6, and also two 

25 input terminals 11-7 and 11-8 respectively, is supplied to fourth and fifth encoders 49 and 50 respectively 
for signal encoding purposes. 

It should be noted that the codes employed in the first and second encoders 46 and 47 commonly 
connected to the differential encoder 45 are the same with each other, and therefore correspond to such 
error correcting codes having all 1 vectors as code words. Also, error correcting codes utilized in the third, 

30 fourth, and fifth encoders 48. 49 and 50 may be selected to be arbitrary, for instance, an error correcting 
code having an error correcting capability in accordance with a bit error rate of signal series. 

Then, the 8 bits digital signals outputted from the first to fifth encoders 46. 47, 48, 49 and 50 are 
converted in a 256-QAM modulator 51 into signal waveforms corresponding to the signal points which have 
been mapped based upon the quadrant symmetry mapping. 

35 At a signal reception side of the fourth 256-QAM communication system 400, the 8 bits digital signals 
which have been demodulated in a 256-QAM demodulator 53, are error-corrected by first to fifth decoders 
54, 55, 56, 57 and 58. The 2 bits decoded digital signals derived from the first and second decoders 54 and 
55 are differential-decoded by a quadrature differential decoder 59 corresponding to the above-described 
quadrature differential encoder 54, so that 2 bit differentially-encoded signals are outputted from this 

40 quadrature differential decoder 59 to two output terminals 18-1 and 18-2, respectively. The remaining 2-bit 
decoded digital signal combinations are directly outputted from the third to fifth decoders 56 to 58 to other 
output terminals 18-3 to 18-8. 

As a result, also in the fourth preferred embodiment, when the combinations of the signal series which 
has no relation to determine the quadrant of the phase plane are encoded, the coding operation can be 

45 done with each of the 2-input signal combinations. Consequently, the overall system can be made small, as 
compared with another system in which all of the signal series are independently encoded. 

There is another particular advantage that since the redundancy of the error correcting codes can be 
determined based upon the bit error rate for the receptions of the respective signal series, the coding 
operations can be effectively executed with smaller redundancy. 



In Fig. 10. there is shown a 256-QAM communication system 500 by the Gray code, according to a fifth 
preferred embodiment of the present invention. It should be noted that this fifth QAM communication 
system 500 similarly employs the second basic idea of the invention. 

At a signal transmission side of the fifth 256-QAM communication system 500, 8 digital signal series are 
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inputted from 8 input terminals 11-1 to 11-8, and supplied to a differential encoder 62. In the differential 
encoder 62, these input digital signals are differentially-encoded, and two encoded signal series U and Q 2 
are supplied to first and second encoders 63 and 64 having the same functions with each other for the 
encoding purposes. Three encoded signal series h, h and U are supplied to a third encoder 65 for the 

5 encoding purposes. Similarly, three encoded signal series Q2. Q3 and Q 4 are encoded in a fourth encoder 
66. It should be noted that the codes employed in the first and second encoders 63 and 64 are the same 
with each other, and correspond to an error correcting word having all 1 vectors as code words. Further, 
error correcting codes utilized in the third and fourth encoders 65 and 66 are the same with each other and 
are arbitrary codes. The 8 bits digital signals derived from the first to fourth encoders 63. 64, 65 and 66 are 

10 converted by a 256-QAM modulator 67 into waveforms corresponding to signal points which have been 
mapped based upon the above-described Gray code, and the Gray-coded digital signals are output 
therefrom to the signal transmission channel 20. 

On the other hand, at a signal reception side of this 256-QAM communication system 500, the 8 bits 
digital signals which have been demodulated by a 256-QAM demodulator 89 are error-corrected by first to 

15 fourth decoders 70, 71 . 72 and 73. and thereafter supplied to a differential decoder 74. Thus, these 8 bits 
digital signals derived from the first to fourth decoders 70 to 73 are differential-decoded. The resultant 8 bits 
differential-decoded digital signals are outputted from 8 output terminals 1.8-1 to 18-8, respectively. 

When the combinations of the signal series I? through Q4 which have no relation to determine the 
quadrant of the phase plane are encoded, since each of 3-input signal series l 2 , b. U and Q 2 , Q3. Q< can 

20 be encoded in the third and fourth encoders 65 and 66. the overall system 500 can be made small, as 
compared with another system in which all of the signal series are separately coded. 

As previously described in detail, in accordance with the respective third to fifth QAM communication 
systems, when the combinations of the signal series having no relation to determine the quadrant of the 
phase plane are encoded, since a plurality of signal series are encoded, the entire circuit arrangement of 

25 the QAM communication system can be simply constructed, as compared with such a QAM communication 
system that all of the input signal series are separately encoded. 



In Fig. 11 there is shown a 64 QAM communication system 600 employing the third basic idea, 
according to a sixth preferred embodiment of the present invention. 

As apparent from Fig. 1 1 , a major error control circuit portion of the sixth QAM communication system 
as 600 is substantially identical to that of the second QAM communication system 200. Accordingly, the same 
reference numerals shown in Fig. 4 will be employed as those for denoting the same or similar circuit 
elements in the following drawings, and no further explanation thereof will be made in the following 
descriptions. 

That is, both a 64-QAM modulator 80 and a 64-QAM demodulator 82 are newly employed in this sixth 
40 preferred embodiment. 

An operation of the 64-QAM communication system 600 will now be described'. 
It should be noted that signal information of two signal series 11-1 and 11-2 outputted from the 
quadrature differential encoder 12 determine the quadrant of the signal phase plane in the 64-QAM 
modulator 80. In case of the quadrant symmetry mapping, 4 signal series 11-3 through 11-6 other than the 
45 above-described 2 signal series 11-1 and 11-2 receive no adverse influence of the signal phase rotation, so 
that an arbitrary code may be employed. When a GF (2 8 ) Reed-Solomon code is employed in these signal 
series, an error correcting method with a high coding rate of 99.0 % may be utilized. In addition, the clock 
frequency of the error correcting circuits can be made half of the modulation frequency. This error 
correcting method shown in Fig. 11 enables the transparency to be established with respect to the signal 
50 phase rotation. 

Further, if the signal point mapping is the quadrant symmetry mapping, and the above-described two 
signal series 11-1 and 11-2 which are not encoded by the Reed-Solomon code are independently encoded 
by transparent error correcting codes, this modified QAM communication system may become a transpar- 
ent error correcting system without receiving any, adverse influence caused by the signal phase rotation. 
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Fig. 12 is a schematic block diagram of a 64-QAM communication system 700 according to a seventh 
preferred embodiment of the present invention, with employment of the first basic idea and the natural 
binary mapping method as shown in Fig. 14. 

In the seventh 64-QAM communication system 700. there are newly provided 6 pairs of 1-bit serial data 

5 to 8-bit parallel data converters 84-A to 84-F and 86-A to 86-F. and also 6 pairs of 8-bit parallel data to 1-bit 
serial data converters 85-A to B5-F and 88-A to 88-F. The main feature of the seventh preferred 
embodiment is that all of 6 input digital signals supplied from the input terminals 11-1 to 11-8 are 
independently processed with the Reed-Solomon encoders 83-1 to 83-5 and Reed-Solomon decoders 87-1 
to. 87-5. In case of natural binary mapping, all Reed-Solomon code should be transparent and identical. 

ro That is to say. when as shown in Fig. 12. the Reed-solomon codes are applied to all of the signal 
series, it can be achieved such an error correcting system capable of correcting a burst error. When the 
above-described 2-symbol (255. 251) error correction Reed-Solomon code on GF (2 8 ) is employed as the 
Reed-Solomon code, there is a particular advantage that a single burst error having a burst length of less 
than 9 bits can be corrected. In addition, the clock frequency of error control encoders/decoders can be 

is made as low as 1/8 times the modulation frequency. 

As previously described in detail, in accordance with the respective third to seventh QAM communica- 
tion systems, when the combinations of the signal series having no relation to determine the quadrant of the 
phase plane are encoded, since a plurality of signal series are encoded, the entire circuit arrangement of 
the QAM communication system can be simply constructed, as compared with such a QAM communication 

20 system that all of the input signal series are separately encoded. 



EIGHTH QAM COMMUNICATION SYSTEM 

25 

Furthermore, in accordance with the present invention, many other modifications may be achieved other 
than the above-described first to seventh preferred embodiments 100 to 700 with employment of the first 
and second basic ideas. 

For instance, in case that the phase ambiguity or phase ambiguity of the reproduced carrier wave is • 

30 removed by periodically transmitting the known signal patterns, there is no need to separately employ the 
error correction encoder/decoder (i.e.. quadrature differential encoder/decoder) with respect to the l-axis and 
Q-axis, and "n" pieces of signal series for determining the signal point mapping are considered as a 
symbol which will be coded as a Reed-Solomon code. 

A 256-QAM communication system 800 utilizing the above-described idea, according to an eighth 

35 preferred embodiment of the present invention, will now be described with reference to Fig. 13. As apparent 
from the circuit arrangement shown in Fig. 13. no quadrature differential encoder/decoder is employed in 
the eighth 256-QAM communication system 800. Instead of the quadrature differential encoder/decoder, a 
unique word adder 820 for producing the above-described known signal pattern is connected to the output 
terminal of the Read-Solomon encoder 810, and also a unique word detector 850 is connected to the input 

40 terminal of the Read-Solomon decoder 860. 

After 8 series of 255 bits signal are transmitted, a unique word constructed of 1 symbol (8 bits) is 
transmitted from the unique word adder 820 in the eight 256-QAM communication system 800. The 
quadrant phase information is added to the Read-Solomon encoded input signals based upon this unique 
word, since the unique word has a function to correct phase shifts. Thus, the data to which the unique word 

4s has been added and which has been modulated in the 256-QAM modulator 830 and thereafter demodulated 
in the 256-QAM demodulator 840. contains no longer such phase ambiguity, or phase ambiguity. Subse- 
quently, the unique word is detected by the unique word detector 850 from this data so as to obtain 
absolute phases with respect to the input signals. As a result, the phase ambiguity has been eliminated 
from the resultant 8-bit data derived from the Reed-Solomon decoder 880 based upon the detected unique 

so word. 

There are the following advantages of the eighth 256-QAM communication system BOO. 

In case of the 256-QAM system shown in Fig. 13. since n = 8. then a code of GF (2 8 ) having a length 
of 255 can be utilized. When a two-symbol correction code is employed similar to the above-described 
second preferred embodiment,, the resultant coding rate can become 98.4%. However, the conventional 
55 binary BCH code to perform such a 2 error correction under the same delay time becomes a code 
(255.239) at a coding rate of 93.7%. As a consequence, the frequency utilization efficiency according to the 
present invention can be improved. Furthermore, although the total number of the respective encoders and 
decoders is 8 in case of the conventional binary BCH code, only 1 Read-Solomon and 1 Read-Solomon 
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decoder are required in the eighth preferred embodiment. Consequently, there is another particular 
advantage that a scale of the entire circuit arrangement can be reduced. 

As is apparent from the foregoings. the Reed-Solomon encoder 810 and decoder 860 may be provided 
inside the unique word adder 820 and detector 850. Furthermore, both the unique word adder and detector 
5 may be omitted from the eighth QAM communication system 800, and alternatively, the Reed-Solomon 
encoder/decoder may employ an absolute phase detecting function. 

Reference signs in the claims are intended for better understanding and shall not limit the scope. 



to Claims 

1. A multi-level QAM (quadrature amplitude modulation) communication system (100;200;700) utilizing n 
bits-fn- being an integer) QAM signal having 2 n signal points, comprising: 

differential encoder/decoder means (12;17) for differentially encoding/decoding n pieces of input digital 
rs signal series to resolve phase ambiguity contained in the differentially encoded input signal .series; 

error correction means including a Reed-Solomon encoder (13:83) and a Reed-Solomon decoder (16;87). 
provided inside said differential encoder/decoder means (12;17) along a signal processing path of said input 
digital signal series, for error-control-encoding/decoding said n pieces of differentially-coded signal series 
by utilizing at least one of said digital signal series to correct 'errors with employment of Reed-Solomon 
20 codes; and, 

QAM modulator/demodulator means (14;15;34;36;80;82) for QAM-modulating/demodulating n pieces of 
error-control-coded signal series so as to produce 2 n QAM signals. 

2. A multi-level QAM (quadrature amplitude modulation) communication system as claimed in Claim 1 , 
wherein said error correction means (13;16) separately performs encoding/decoding operations with em- 

25 ployment of the same Reed-Solomon code with respect to two orthogonalized channels (l;Q). 

3. A multi-level QAM (quadrature amplitude modulation) communication system as claimed in Claim 1 , 
wherein said differential encoder/decoder means (12;17) performs a differential coding operation under such 
a condition that a generator polynomial of the Reed-Solomon code is not divisible by X-1, said generator 
polynomial being given as 

30 

d-2+r 
G(X) = n (X - a> ) , 



where "i" is an integer, "a" is a primitive element of Galois field, and "d" is the minimum distance of the 
Reed-Solomon code. 

4. A multi-level AQM (quadrature amplitude modulation) communication system as claimed in Claim 1, 
wherein a total number of said error correction means is smaller than a bit number of said QAM signal. 

5. A multi-level QAM (quadrature amplitude modulation) communication system as claimed in Claim 1, 
wherein said signal point mapping is a natural binary mapping. 

6. A multi-level QAM (quadrature amplitude modulation) communication system (300;400;500) for 
producing n bits ("n" being an integer) QAM signal having 2" signal points from n pieces of input digital 
signal series, comprising: 

differential encoder/decoder means (32;45;62;42;59;74) for differentially encoding/decoding at least two 
pieces of signal series for determining a quadrant of a phase plane for a signal point mapping among said n 
pieces of input digital signal series so as to produce at least two pieces of differentially-coded signal series; 
first error correction means (33,34;39,40:46,47;54,55;63,64;70 1 71) provided inside said differential 
encoder/decoder means (12;32;74;17) along a signal processing path of said input digital signal series, for 
error correction so as to produce at least two pieces of first error-control-coded signal series; 
second error correction means (35;48.49,50;65,66:41;56,57,58;72,78) provided directly to receive remaining 
pieces of input digital signal series so as to produce second error-control-coded signal series; and, 
QAM modulator/demodulator means (36;51:38.53) for QAM-modulating/demodulating both said first error- 
control-coded signal series and second error-control-coded signal series so as to output the n bits QAM 
signal, whereby phase ambiguity contained in the differentially encoded input signal series is solved. 

7. A multi-level QAM (quadrature amplitude modulation) communication system as claimed in Claim 6. 
wherein said second error correction means is constructed of a plurality of error correction encoders 
(48;49;50:65;66) and a plurality of error correction decoders (56;57;58:72;73). 
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8. A multi-level QAM (quadrature amplitude modulation) communication system as claimed in Claim 6, 
wherein said second error correction means employs a nonbinary error correcting code. 

9. A multi-level QAM (quadrature amplitude modulation) communication system as claimed in Claim 6, 
wherein said signal point mapping is a quadrant symmetry mapping. 

5 10. A multi-level QAM (quadrature amplitude modulation) communication system as claimed in Claim 6. 
wherein said signal point mapping is a Gray code mapping. 

11. A multi-level QAM (quadrature amplitude modulation) communication system as claimed in Claim 6, 
wherein said differential encoder/decoder means (32,42;45,59;62.74) performs a differential coding operation 
under such a condition that a generator polynomial of an error control code is not divisible by X-1, said 

jo generator polynomial being given as G(X) = LCM {m,(X). m r .,(X) m d . 2 .,(X)}, where V is an integer. 

m,(X) is the minimum function of a,, "a" is a primitive element of Galois field, and "d" is the minimum 
distance of the error control code. 

12. A multi-level QAM (quadrature amplitude modulation) communication system as claimed in Claim 6. 
wherein a total number of said first and second error correction means is smaller than a bit number of said 

is QAM signal. 

13. A multi-level QAM communication system as claimed in Claim 6. wherein said first error correction 
means includes: 

two sets of error correction code encoders/decoders (33,39:46.54;64:71) for each encoding and docoding 
one differentially-coded signal series derived from said differential encoder/decoder means so as to finally 
20 produce said first error-control-coded signal series, each of said error correction codes being the same 
code with each other. 

14. A multi-level QAM (quadrature amplitude modulation) communication system (600:800) for produc- 
ing 2" pieces of n-bit ("n" being an integer) QAM signal points from n pieces of input signal series, 
comprising: 

25 encoder/decoder means (12.13:17,16:810,860) utilizing a Reed-Solomon code of Galois field GF(2'). for 
error-correction-encoding/decoding h pieces of input signal series ("h" being a positive integer smaller than 
or equal to "n" and "I" being larger than or equal to "h"); and 

QAM-modulating/demodulating means (80.82;830,840) positioned inside said encoder/decoder means along 
a signal processing path of said n pieces of input signal series, for QAM-modulating/demodulating said n 
30 pieces of input signal series containing said h pieces of Reed-Solomon encoded input signal series so as to 
resolve phase ambiguity contained in said h pieces of Reed-Solomon encoded signals. 

15. A multi-level QAM (quadrature amplitude modulation) communication system (600:800) as claimed 
in Claim 14. wherein said "I" is equal to A x h. where "A" is a positive integer. 

16. A multi-level QAM (quadrature amplitude modulation) communication system as claimed in Claim 
35 14, further comprising: 

unique word adding means (820) for adding a unique word representative of quadrant phase information on 
said input signal series to said h pieces of Reed-Solomon encoded signal series; and, 
unique word detecting means (850) for detecting said unique word contained in said h pieces of Reed- 
Solomon encoded signal series in order to obtain absolute phases with respect to said input digital signals. 
40 17. A multi-level QAM (quadrature amplitude modulation) communication system (600) as claimed in 
Claim 14, further comprising: 

quadrature differential encoder/decoder means (12;17) for differentially encoding/decoding (n-h) pieces of 
input digital signal series to produce (n-h) pieces of differentially-coded signal series. 
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FIG.15B GRAY MAPPING 
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© In a multi-level QAM communication system, 
Reed-Solomon encoders and Reed-Solomon decod- 
ers are employed for error correction purposes. The 
phase ambiguity of the received signal is eliminated 
with differential coding. The multi level QAM com- 
munication system (100) utilizing n bits ("n" being 
an integer) QAM signal having 2° signal points, com- 
prises: a quadrature differential encoder/decoder unit 
(12:17) for differentially encoding/decoding n pieces 
of input digital signal series to produce n pieces of 
differentially coded signal series; an error correction 



unit including a Reed-Solomon encoder (13) and a 
Reed-Solomon decoder (16), provided inside the 
quadrature differential encoder/decoder unit (12; 17) 
along a signal processing path of the input digital 
signal series, for error-correcting the n pieces of 
differentially-coded signal series by utilizing at least 
one of the digital signal series with employment of a 
Reed-Solomon code; " and, a QAM 
modulator/demodulator unit (14;15;34;35) for QAM- 
modulating/demodulaling n pieces of error-corrected 
signal series so as to produce 2" QAM signals. 
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Background of the Invention 

The present invention relates to the transmission 
of digital data, particularly the transmission of digital 
data which represents video signals. 

It is generally acknowledged that some form of 
digital transmission will be required for the next gen- 
eration of television (TV) technology, conventionally 
referred to as high definition television, or HDTV. This 
requirement is due mostly to the fact that much more 
powerful video compression schemes can be 
implemented with digital signal processing than with 
analog signal processing. However, there has been 
some concern about becoming committed to an all- 
digital transmission system because of the potential 
sensitivity of digital transmission to small variations in 
signal-to-noise ratio, or SNR, at the various receiving 
locations. 

This phenonenon - sometines referred to as the 
"threshold effect" - can be illustrated by considering 
the case of two television receivers that are respect- 
ively located at 50 and 63 miles from a television 
broadcast station. Since the power of the broadcast 
signal varies roughly as the inverse square of the dis- 
tance, it is easily verified that the difference in the 
amount of signal power received by the television 
receivers is about 2 dB. Assume, now, that a digital 
transmission scheme is used and that transmission to 
the receiver that is 50 miles distant exhibits a bit-error 
rate of 10-«. If the 2 dB of additional signal loss for the 
other TV set translated into a 2 dB decrease of the 
SNR at the input of the receiver, then this receiver will 
operate with a bit-error rate of about 10-». With these 
kinds of bit-error rates, the TV set that is 50 miles 
away would have a very good reception, whereas 
reception for the other TV set would probably be very 
poor. This kind of quick degradation In performance 
over short distances is generally not considered 
acceptable by the broadcasting industry. (By compari- 
son, the degradation in performance for presently 
used analog TV transmission schemes is much more 
graceful.) 

There is thus required a digital transmission 
scheme adaptable for use in television applications 
which overcomes this problem. Solutions used in 
other digital transmission environnents-such as the 
use of a) regenerative repeaters in cable-based trans- 
mission systems or b) fall-back data rates or con- 
ditioned telephone lines in voiceband data 
applications-are clearly inapplicable to the free- 
space broadcast environment of television. 

The co-pending, commonly assigned United 
States patent application of V. B. Lawrence et al. enti- 
tled "Coding for Digital Transmission," serial No. 
07/611225, filed on November 07, 1990, discloses a 
technique for overcoming the shortcomings of stan- 
dard digital transmission forover-the-air broadcasting 
of digital TV signals. Specifically, the Lawrence et al. 



patent application teaches the notion of characteriz- 
ing the HDTV signal into classes of "less important" 
and "more important" information which will then use 
a constellation of non-uniformly spaced signal points. 

5 This approach provides unequal error protection, i.e., 
more error protection for the more important infor- 
mation, and allows a graceful degradation in recep- 
tion quality at the TV set location because, as the 
bit-error rate at the receiver begins to increase with 

10 increasing distance from the broadcast transmitter, it 
will be the bits that represent proportionately less of 
the TV signal information that will be the first to be 
affected. 

15 Summary of the Invention 

Although the Lawrence et al. patent application 
teaches an advantageous technique for providing 
unequal error protection to a plurality of classes of 

20 information within a signal, we have discovered an 
alternative, and also advantageous, technique for 
providing unequal error protection. Specifically, and in 
accordance with the present invention, unequal error 
protection is provided for a signal comprised of a 

25 plurality of classes of information by a) separately 
coding each one of the plurality of classes of infor- 
mation using a different coded modulation scheme 
and b) multiplexing the plurality of coded outputs for 
transmission. 

30 In accordance with a feature of the invention, 

uniformly spaced signal points can be used. 

In a preferred embodiment of the invention, an 
HDTV signal is source-encoded to provide a plurality 
of classes of information. Each class of information is 

35 then separately coded by a different, and conven- 
tional, coded modulation scheme, e.g., a 4D 8-state 
trellis code and a uniformly-spaced QAM signal con- 
stellation. The coded outputs of the separate coded 
modulation schemes are then time-division-multip- 

40 lexed for transmission of the HDTV signal. 

Brief Description of the Drawing 
In the drawing, 

45 FIG. 1 is a block diagram of an illustrative trans- 
mitter embodying the principles of the invention; 
FIG. 2 is a block diagram of an illustrative receiver 
embodying the principles of the invention; 
FIGS. 3-4 when taken together, show an illustra- 

50 tive trellis encoder used in the transmitter of FIG. 
1; 

FIG. 5 shows an embodiment of a multiplexed 
coded modulation scheme using a 12-QAM sig- 
nal constellation and a 48-QAM constellation in 
55 the transmitter of FIG. 1; 

FIG. 6 shows an alternative embodiment of a mul- 
tiplexed coded modulation scheme using a 12- 
QAM signal constellation and a 96-QAM 
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constellation in the transmitter of FIG. 1; 
FIG. 7 shows another alternative embodiment of 
a multiplexed coded modulation scheme using a 
16-QAM signal constellation and a 60-QAM con- 
stellation in the transmitter of FIG. 1 ; 5 
FIG. 8 shows a table comparing the nominal cod- 
ing gains for the three embodiments of FIGS. 5-7; 
and 

FIG. 9 is a block diagram of an illustrative trans- 
mitter embodying the principles of the invention 10 
using a concatenated coding technique. 

Detailed Description 

Before proceeding with a description of the illus- 15 
trative embodiment, it should be noted that the vari- 
ous digital signaling concepts described herein-with 
the exception, of course, of the inventive concept it- 
self-are all well known in, for example, the digital 
radio and voiceband data transmission (modem) arts 20 
and thus need not be described in detail herein. These 
include such concepts as multidimensional signaling 
using 2N-dimensional channel symbol constellations, 
where N is some integer, trellis coding; fractional cod- 
ing; scrambling; passband shaping; equalization; 25 
Viterbi, or maximum-likelihood, decoding; etc. These 
concepts are described in such United States patents 
as U.S. 3,810,021, issued May 7. 1974 to I. Kalet et 
al.; U S. 4,015,222, issued March 29, 1977 to J. Wer- 
ner; U.S. 4,1 70,764, issued October 9, 1 979 to J. Salz 30 
et al.; U.S. 4,247,940, issued January 27. 1981 to K. 
H. Mueller etal.; U.S. 4.304.962. issued December 8. 
1981 to R. D. Fracassi et al.; U.S. 4,457.004, issued 
June 26, 1984 to A. Gersho et al.; U.S. 4,489,418, 
issued December 18, 1984 to J. E. Mazo; U.S. 35 
4,520,490, issued May 28, 1985 to L. -F. Wei; U.S. 
4,597, 090, issued June 24, 1986 to G. D. Forney, Jr. 
and U.S. 4,941,154, issued July 10, 1990 to L -F. 
Wei. Additionally, reference can also be made to "Effi- 
cient modulation for band-limited signals", G. D. For- 40 
ney, Jr. et al., IEEE JL Select. Areas Common. , vol. 
SAC-2, pp. 632-647, September 1984; Trellis-coded 
modulation with multidimensional constellations", L- 
F. Wei, IEEE Trans. Inform. Theory , vol. IT-33. pp. 
483-501. July 1987; and "Multidimensional constel- 45 
lations - Part I: Introduction, figures of merit, and 
generalized cross constellations," G. D. Forney, Jr. & 
L.-F. Wei, IEEE J. Select. Areas Commun. , vol. SAC- 
7, pp. 877-892, August 1989. All of the above are 
hereby incorporated by reference. 50 

As previously mentioned, the co-pending, U. S. 
patent application of V. B. Lawrence et al., serial No. 
07/611225, filed on November 7, 1990, discloses a 
technique for overcoming the shortcomings of stan- 
dard digital transmission forover-the-air broadcasting 55 
of digital TV signals. Specifically, the Lawrence et al. 
patent application teaches the notion of characteriz- 
ing the HDTV signal into classes of "less important" 



and "more important" information which will then use 
a constellation of non-uniformly spaced signal points. 
This approach provides unequal error protection, i.e., 
more protection for the more important information, 
and allows a graceful degradation in reception quality 
at the TV set location because, as the bit-error rate at 
the receiver begins to increase with increasing dist- 
ance from the broadcast transmitter, it will be the bits 
that represent proportionately less of the TV signal 
information that will be the first to be affected. How- 
ever, we have discovered an alternative, also advan- 
tageous, technique for providing unequal error 
protection. Specifically, and in accordance with the 
present invention, unequal error protection is pro- 
vided for a signal comprised of a plurality of classes 
of information by a) separately coding each one of the 
plurality of classes of information using a different 
coded modulation scheme and b) multiplexing the 
plurality of coded outputs for transmission. Before 
proceeding with a description of three illustrative 
embodiments of the invention, the inventive concept 
itself will generally be described. 

Turning, in particular, to FIG. 1 , information signal 
source 101 generates an HDTV analog video signal 
(HDTV signal) representing picture information. The 
HDTV signal is passed on to source encoder 110 
which generates a digital signal comprised of a 
plurality of data elements which are grouped into 
"classes of information" in which at least one class of 
information is more important, i.e., contains "more 
important data", than the remainder of the classes of 
information which, therefore, contain "less important 
data". For example, the more important data repre- 
sents that information which, if properly received, will 
form a rough picture, e.g., audio information, framing 
information, etc., end the less important data repre- 
sents that information which comprises the remainder 
of the HDTV signal. As represented herein, the more 
important data is generated on lead 20 and the less 
important data is generated on lead 30. Illustratively, 
each data element is a data bit, with an average of m, 
(m 2 ) bits being generated on lead 20 (30) for each sig- 
naling interval assigned by multiplexer 140 to the 
more (less) important data (see below), each signal- 
ing interval having a duration of T seconds. 

As shown in FIG. 1, the more important data on 
lead 20 is input to channel encoder 121 of coded 
modulation circuitry 120, and the less important data 
on lead 30 is input to channel encoder 131 of coded 
modulation circuitry 130. Coded modulation circuitry 
120 (130) represents a coded modulation scheme 
and is comprised of channel encoder 121 (131) and 
constellation mapper 122 (132). In accordance with a 
principle of the invention, the coded modulation 
schemes implemented by coded modulation circuitry 
120 and 130 (described below) are chosen such that 
the more Important data is provided more error protec- 
tion than the less important data, i.e., coded modu- 
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lation circuitry 120 and 130 are different, with channel 
encoders121 and 131, and/or constellation mappings 
122 and 132 being different from each other. Channel 
encoder 121 (131) operates in accordance with 
known encoding techniques (described below), and s 
the "encoded output" of channel encoder 121 (131) 
consists of m, + r, (m 2 + r 2 ) data bits, where r, (r 2 ) rep- 
resents the average number of redundant bits Intro- 
duced by the encoder 121 (131) in each signaling 
interval assigned by multiplexer 1 40 to the more (less) io 
important data. The encoded output of channel 
encoder 121 (131) is mapped to a signal point from 
constellation A (B), for each assigned signaling Inter- 
val, by constellation mapper 122 (132) to provide the 
"coded output" on leads 22 (32) to multiplexer 140. is 

Multiplexer 140, illustratively a time-division-mul- 
tiplexer, is shown as a switch with a design parameter 
U Hi, l.e., over a time frame t,= r, + 1 2 , multiplexer 140 
will switch between coded modulation circuitry 120 
and 130. For example, during the time interval f, mul- 20 
tiplexer 140 will provide the coded output from coded 
modulation circuitry 120 to modulator 150, and during 
the time interval r 2 multiplexer 140 will provide the 
coded output from coded modulation circuitry 130 to 
modulator 150. (It should be noted that although the 25 
simple case of only two classes of information is des- 
cribed herein, the concept can easily be extended to 
a larger plurality of classes.) Each time interval for 
/ = 1, 2, is comprised of a number of signaling inter- 
vals, T, i.e., f, = W,Tand t 2 = W 2 7, where N, (A/ 2 ) is the 30 
number of signaling intervals in f, (f 2 ). In fact, the 
design parameter f t /f 2 denotes the ratio of the num- 
bers of signaling intervals assigned to the more 
important data and the less important data (i.e., the 
signaling intervals assigned to channel encoders 121 35 
and 131). For example, for each signaling interval in 
f, (r 2 ), channel encoder 121 (122) is mapped to a sig- 
nal point from constellation A (B) so that over the tine 
interval f, (y the coded output of coded modulation 
circuitry 120 (130) will be comprised of /V, (N 2 ) signal 40 
points. Therefore, and in accordance with the prin- 
ciples of the present invention, by allocating separate 
time intervals to the more important data and the less 
important data in a time frame, f ft the more important 
data can be separately and differently coded from the 45 
less important data. Further, by changing the ratio of 
ft /f 2 , additional flexibility can be achieved in the 
design of the separate coding schemes to provide 
further error protection for the more important data at 
the expense of the less important data. For example, so 
by increasing the duration of f, relative to f 2 , the size 
of the signal constellation used by constellation map- 
per 122 can be smaller, i.e. the signal points can be 
spaced further apart, however, this will result In f 2 
being smaller, which will require constellation mapper 55 , 
132 to use a larger constellation of signal points, i.e., 
the signal points which will be closer together. As a 
result, since the distance between signal points in a 



constellation has an effect on the amount of error pro- 
tection provided by a coded modulation scheme, the 
error protection of the more important data Is enh- 
anced as the expense of the less important data. 
Coded modulation circuitry 120 and 130, and multip- 
lexer 140 are illustrative of an implementation of a 
"multiplexed coded modulation scheme". The 
bandwidth efficiency of the multiplexed coded modu- 
lation scheme of FIG. 1 is given by (m,f, + m 2 f 2 )/(/, + 
f 2 ) data bits per signaling interval, with the fraction of 
more Important data being (m, f,)/(m,f, + m 2 i 2 ) of the 
total. The coded outputs from the multiplexed coded 
modulation scheme are provided to modulator 150, 
which is representative of conventional television 
broadcasting circuitry, for transmission of the broad- 
cast HDTV signal on broadcast channel 200. 

The broadcast HDTV signal is received from 
broadcast channel 200 by receiver 300 which is 
shown in FIG. 2. The broadcast HDTV signal is 
received by demodulator 350 which is representative 
of conventional reception and demodulation circuitry, 
e.g., the antenna, demodulation, analog-to-digital 
conversion, etc. Demodulator 350 provides a time- 
multiplexed digital signal representing the received 
coded outputs on lead 90 which is processed by 
demultiplexer 340 to provide the separate received 
coded outputs. The received coded output represent- 
ing the more Important data is provided to channel 
decoder 331 and the received coded output repre- 
senting the less important data is provided to channel 
decoder 332. Channel decoder 331 (332) decodes 
the received coded output representing the more 
important (less important) data to provide the more 
important (less important) data, i.e., class of infor- 
mation, to source decoder 310. Source decoder 310 
provides the inverse function of source encoder 110 
of transmitter 100 to provide the received HDTV sig- 
nal to CRT display 301. 

Having described the general inventive concept 
above, various illustrative embodiments of a multip- 
lexed coded modulation scheme will now be des- 
cribed. Although any coded modulation scheme can 
be implemented in coded modulation circuitry 120 
and 1 30, the present invention advantageously allows 
the use of simple channel encoders and constel- 
lations of uniformly spaced signal points. For the 
remainder of the discussion, It Is assumed that chan- 
nel encoders 121 and 131 are Implemented using a 
simple 4D 8-state trellis encoder as shown in FIGS. 3- 
4 (in FIG. 3, the boxes labeled T" are T-second delay 
elements, the circles labeled "+" are exclusive-or 
gates, and the bit-converter operates in accordance 
with FIG. 4). Further, it will be assumed that signal 
constellations 122 and 132 are representative of uni- 
formly-spaced QAM constellations and, although dif- 
fering in size (i.e.. numbers of signal points), have the 
same average power (average energy per signal 
point). 
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FIGS. 5-7 illustrate a variety of embodiments of 
an illustrative multiplexed coded modulation scheme 
for different a) values of m, and m 2 , b) QAM signal 
constellations, and c) t, H 2 multiplexer ratios. FIG. 8 
lists various characteristics of these embodiments. 5 
The bandwidth efficiency each of these embodiments 
is four data bits per signaling interval, with the per- 
centage of more important data varying from 37.5% to 
62.5% of the total. (It should be noted that these 
embodiments are forcomparison purposes only, e.g., 10 
other bandwidth efficiencies can be used, different 
signal constellations can be used (with different 
sizes), etc.) For example, applying the above men- 
tioned bandwidth efficiency formula to the embodi- 
ment shown in FIG. 5, i.e., (m, = 3, m 2 = 5), and (f, = ?5 
t 2 = 7) yields four data bits per signaling interval: 
(f"t fi + m 2 1 2 ) _ 37+ 57 _ 4 
/, + t 2 T.+ T 

In each embodiment, the sizes of the signal con- 
stellations and the nominal coding gains for the more 2" 
important and less important data are determined 
based on the above assumption that the simple 40 8- 
state trellis code of FIGS. 3-4 is used in both channel 
encoders 121 and 131. 

It should be observed in FIG. 3 that two input bits » 
are coded every two signal intervals to provide three 
encoded bits (i.e., the delay element of the 40 8-state 
trellis code is 2T signaling intervals). The three 
encoded bits, together with an uncoded Input bit, are 
then converted into two pairsof output bits through the 30 
bit converter of FIG. 4. Each pair of output bits is next 
used to identify, in the first or second signaling inter- 
vals, one out of four 20 subsets of signal points, as 
shown by the example of constellation (A) in FIG. 5, 
where each subset identified by a two bit pattern con- 35 
sists of these signal points. The four 2D subsets are 
obtained by partitioning the corresponding constel- 
lation so that the distance between the signal points 
in each subset is greater than that between the signal 
points of the overall constellations, as in the conven- <o 
tional coded modulation. Any number of input bits in 
excess of three will remain uncoded and be used to 
select a 2D signal point from each of the two identified 
2D subsets (some processing on the uncoded bits 
may be needed in order to simplify the selection pro- « 
cess, e.g., see United States patent 4,941, 154, 
issued July 10. 1990 to L. -F. Wei, and "Multidimen- 
sional constellations - Part I: Introduction, figures of 
merit, and generalized cross constellations," G. D. 
Forney, Jr. & L.-F. Wei, jEEE J. Select. Areas Com- «« 
mun. . vol. SAC-7, pp. 877-892, August 1989). 

In each embodiment the real coding gain is 
expected to be less than its corresponding nominal 
coding gain, which is due to the large error coefficient 
associated with the Minimum Squared Euclidean Dis- « 
tance (MSED) of the 4D 8-state trellis code. The 
Peak-to-Average Power Ratio (PAR) of the three 



embodiments are determined by the larger constel- 
■ lations used for the less important data, which are all 
slightly bigger than two. 

It may also be noted that additional coded modu- 
lation schemes can be implemented within a multip- 
lexed coded modulation scheme to protect against 
other forms of noise that may be present in a com- 
munications system. For example, the conventional 
coded modulation schemes used in FIGS. 5-7 are not 
effective against impulse noise, so a well-known 
Reed-Solomon code which is effective against 
impulse noise can be used in conjunction with a trellis 
code to form a concatenated code. A block diagram 
of an illustrative embodiment using a concatenated 
code is shown In FIG. 9. In FIG. 9, the more (less) 
important data is first separately encoded by first 
channel encoder 1 15 (116) which uses a well-known 
Reed-Solomon code (i.e., additional redundant bits 
are added to m, (m 2 )), and then further encoded by 
second channel encoder 121 (131) using the trellis 
code described above (it should be noted that channel 
encoder 121 (131) and constellation mapper 122 
(132) have to be modified accordingly to handle the 
additional redundant bits introduced by first channel 
encoder 115 (116)). 

The foregoing merely illustrates the principles of 
the Invention. For example, although the invention is 
illustrated herein as being Implemented with discrete 
functional building blocks, e.g., source decoders, 
channel encoders, etc., the functions of any one or 
more of those building blocks can be carried out using 
one or more appropriate programmed processors, 
digital signal processing (DSP) chips, etc. In addition, 
the invention could be implemented such that some of 
the discrete functional blocks were shared in time, 
e.g., physically using only one channel encoder that 
is switched between two signal constellations. Also, 
the coded modulation scheme for each class of infor- 
mation can be enhanced using interleaving techni- 
ques, or more complex coded modulation schemes, 
to protect against other forms of noise, e.g., to protect 
against "colored" noise. Further, other multiplexing 
techniques may be used in place of time-division-mul- 
tiplexing. 

It will thus be appreciated that those skilled in the 
art will be able to devise numerous and various alter- 
native arrangements which, although not explicitly 
shown or described herein, embody the principles of 
the invention and are within its spirit and scope. 



Claims 

1. A method for processing an information signal, 
the information signal being comprised of a 
plurality of classes of Information, the method 
characterized by the steps of: 

separately coding each one of the plurality 
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of classes of information using a separate coded 
modulation scheme to provide a coded output, 
such that one of the plurality of classes of infor- 
mation has more error protection than the remain- 
ing ones of the plurality of classes of information; 
and 

multiplexing the plurality of coded outputs 
for transmission. 

2. The method of claim 1 characterized in that the 
multiplexing step is time-division-multiplexing. 

3. The method of claim 2 characterized in that the 
multiplexing step includes the step of assigning 
each one of the plurality of coded outputs to a time 
interval in a time frame, the time frame being gre- 
ater than or equal to the sum of the plurality of 
assigned time intervals. 

4. The method of claim 1 characterized in that the 
separately coding step includes the steps of: 

encoding each one of the plurality of clas- 
ses of information to provide an encoded output; 
and 

mapping each one of the plurality of 
encoded outputs to a signal point of a signal con- 
stellation to provide the coded output. 

5. The method of claim 4 characterized in that at 
least one of the plurality of encoded outputs is 
mapped to a signal constellation of different size 
than the remaining ones of the plurality of 
encoded outputs. 

6. A method for providing unequal error protection 
for an Information signal, the information signal 
being comprised of a plurality of classes of infor- 
mation, the method characterized by the steps of: 

assigning each one of the plurality of clas- 
ses of information to a coded modulation scheme 
such that at least one of the plurality of classes of 
information is assigned to a different coded 
modulation scheme than the remaining ones of 
the plurality of classes of information; 

assigning a time interval to each one of the 
plurality of coded modulation schemes such that 
at least one of the plurality of coded modulation 
schemes is assigned to a different time interval 
than the remaining ones of the plurality of coded 
modulation schemes; and 

separately coding each one of the plurality 
of classes of information using the assigned 
coded modulation scheme in the assigned time 
interval to provide a coded output for transmis- 
sion such that at least one of the plurality of clas- 
ses of information has more error protection than 
the remaining ones of the plurality of classes of 
information. 



7. Apparatus for processing an information signal, 
the information signal being comprised of a 
plurality of classes of information, the apparatus 
being characterized by: 
5 source encoding means responsive to the 

information signal for providing the plurality of 
classes of information; 

coding means responsive to the plurality of 
classes of information for separately coding each 
10 one of the plurality of classes of information using 

a separate coded modulation scheme to provide 
a coded output for each one of the plurality of 
classes of information such that at least one of the 
plurality of classes of information has more error 
15 protection then the remaining ones of the plurality 

of classes of information; and 

means for multiplexing the plurality of 
coded outputs for transmission. 

20 8. The apparatus of claim 7 characterized in that the 
means for multiplexing operates in accordance 
with time-division-multiplexing. 

9. The apparatus of claim 7 characterized in that the 
25 means for multiplexing assigns each one of the 

plurality of coded outputs to a time interval in a 
time frame, the time frame being greater than or 
equal to the sum of the plurality of assigned time 
intervals. 

30 

1 0. The apparatus of claim 7 characterized in that the 
coding means is further comprised of: 

means for channel encoding each one of 
the plurality of classes of information to provide 
35 an encoded output; and 

means for mapping each one of the 
encoded outputs to a signal point of a signal con- 
stellation to provide the coded output. 

40 11. The apparatus of claim 10 characterized by at 
least one of the plurality of encoded outputs is 
mapped to a signal constellation of different size 
than the remaining ones of the plurality of 
encoded outputs. 

45 

12. Apparatus for decoding a received signal, the 
received signal being characterized by a plurality 
of coded outputs, each one of the plurality of 
coded outputs representing a class of information 
so and where at least one class of information is pro- 

vided more error protection than the remaining 
ones of the plurality of classes of information, the 
apparatus being comprised of: 

means for demultiplexing the received sig- 
55 ( nal to provide the plurality of coded outputs; 

means for decoding each one of the 
plurality of coded outputs using a separate 
decoding scheme to provide each one of the clas- 
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ses of information; and 

means for source decoding the plurality of 
classes of information to provide an information 
signal. 
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BACKGROUND OF THE INVENTION 

The present invention relates to trellis coded quadrature amplitude modulation (QAM) and more 

, nonlinear or harmonic distortion and time disperse modulated using lor example, a 

,n order ,0 "™™«°S£'T£ Ty£g ^^^^32^ (QAM) is used to 
irea" 1 CJ^dS^ an -ilabfe channel bandwidth. QAM is a lorm 

of PAM in which a plurattty of bits of information are transmitted together in a pattern referred to as a 

0 SS2S Sir JSS. ^ rt J^« i - r hi9h da,a ra,es 

loundin"^ SmSn systems, are wei, 

Li hava tha same amolilude. Thus, the lour symbols are equally spaced about a circle. 

OK ovulation i suttable lor power limited systems where bandwidth limitalions are not a ma,o 
concert ToZ^Z^TL othe'r hand, is advanlageous in bandwidth limited '^.^TJ^ 

10 ZZ^^:^<^^"^ trellis coded QPSK modu,alion are readi,y aval,ab,e 

<o uncoded modulation. These gains are ootainea wnnoui u k -trellis" is used because 
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provide a high quality compressed television picture. The bandwidth constraint is a consequence ol the U.S. 
Federal Communications Commission requirement that HDTV signals occupy existing 6 MHz television 
channels, and must coexist with the current broadcast NTSC signals. This combination ol data rale and 
bandwidth occupancy requires a modulation system that has high bandwidth elliciency. Indeed, the ratio of 

5 dala rale to bandwidth must be on the order ol 3 or 4. This means that modulation systems such as QPSK, 
having a bandwidth efficiency without coding of two. are unsuitable. A mora bandwidth efficient modulation, 
such as QAM is required. However, as noted above, QAM systems have been too expensive to implement 
for high volume consumer applications. 
. The requirement for a very high data reliability in the HDTV application results from the fact that highly 

to compressed source material {i.e., the compressed video) Is intolerant of channel errors. The natural 
redundancy of the signal has been removed in order to obtain a concise description of the intrinsic value ol 
the data. For example, for a system to transmit at 15 Mbps lor a twenty-four hour period, with less than one 
bit error, requires the bit error rate (BER) of the system to be less than one error in 10" transmitted bits. 
Data reliability requirements are often met in practice via the use of a concatenated coding approach, 

is which is a divide and concur approach to problem solving. In such a coding framework, two codes are 
employed. An "inner" modulation code cleans up the channel and delivers a modest symbol error rate to 
an "outer" decoder. The inner code is usually a coded modulation that can be eflectively decoded using 
"soft decisions" (i.e.. finely quantized channel data). A known approach is to use a convolulional or trellis 
code as the Inner code with some lorm ol the "Viterbi algorithm" as a trellis decoder. The outer code Is 

jo most often a t-error-correcting. "Reed-Solomon" code. Such Reed-Solomon coding systems, that operate in 
the data rate range required for communicating HDTV data, are widely available and have been Imple- 
mented in the integrated circuits ol several vendors. The outer decoder removes the vast majority ol 
symbol errors that have eluded the inner decoder in such a way that the linal output error rate is extremely 

is Sm3 A more detailed explanation of concatenated coding schemes can be lound in G. C. Clark, Jr. and J. B. 
Cain. "Error-Correction Coding lor Digital Communications". Plenum Press. New York. 1981; and S. Lin and 
D. J.' Costello, Jr., "Error Control Coding: Fundamentals and Applications". Prentice-Hall, Englewood Clilfs. 
New Jersey. 1983. Trellis coding is discussed extensively in G. Ungerboeck. "Channel Coding with 
Multilevel/Phase Signals". IEEE Transactions on Information Theory . Vol. IT-28. No. 1. pp. 55-67. January 

30 1982; G. Ungerboeck, "Trellis-Coded Modulation with Redundant Signal Sets -- Part I: Introduction, -- Part 
II: State of the Art". IEEE Communications Magazine , Vol. 25, No. 2, pp. 5-21, February 1987; and A. R. ■ 
Caulderbank and N. J"A. Sloane, "New Trellis Codes Based on Lattices and Cosets". IEEE Transactions on 
Information Theory. Vol. IT-33, No. 2. pp. 177-195. March 1987. The Viterbi algorithm is explained in G. D. 
Forney. Jr., "The V iterbi Algorithm", Proceedings of the IEEE . Vol. 61. No. 3. March 1973. Reed-Solomon 

35 coding systems are discussed in the Clark, Jr. el al and Lin et al articles cited above. 

The error rate performance at the output ol the inner, modulation code in concatenated coded systems 
is highly dependent on signal-to-noise ratio (SNR). Some codes perform better, providing a lower error rate 
at a low SNR while others perform belter al a high SNR. This means that the optimization of the modulation 
code lor concatenated and nonconcalenated coding systems can lead to different solutions, depending on 

to the specified SNR range. 

It would be advantageous to provide a data modulation system with high bandwidth efficiency and low 
power requirements. Such a system should provide a high data rate, wilh minimal bandwidth occupancy, 
and very high data reliability. The complexity of a receiver for use wilh such a system should be minimized, 
to provide low cost in volume production. Optimally, the system should be able to be implemented using 

<5 readily available components with as little customization as possible. 

The present Invention provides a modulation system having the alorementioned advantages. In 
particular, the method and apparatus of the present invention expand a trellis coded QPSK system to a 
trellis coded QAM system, without sacrificing data reliability. 

50 SUMMARY OF THE INVENTION 

In accordance with the present invention, a method is provided lor communicating digital dala using 
QAM transmission. An n-bit QAM constellation pattern Is divided into lour subsets. Each subset Includes 
N/4 symbol points of the constellation pattern. A different two-bit codeword is assigned to each ol the (our 
ss subsets. A symbol to be transmitted is encoded by processing a first bit of the symbol wilh a rale 1/2 
binary convolulional encoding algorithm to provide the two-bit codeword assigned to the subset in which the 
symbol resides In the constellation pattern. The two-bit codeword is mapped with the remaining bits ol the 
symbol to provide a modulation (unction. The remaining bits correlate the symbol with one of the N/4 
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symbol points included In the subset defined by the codeword. A carrier is modu.a.ed with .he modulation 

luncUo and i SSe. the columns ol a matrix of coordinates of the constellation pattern. The remaining b Is 
s orm The most s gni icant bits ol the modu.a.ion .unction and determine the size ol the conste aUon pattern, 
n TconcTtenated approach, information bits are firs, encoded into symbols using, for example a l-symbo 
Sror correcting code such as a Reed-Solomon code. These encoded symbols are then passed to a trellis 
encoder which Droduces the desired modulation for a carrier. 

,5 response to the recreated codeword. The selected byte is then combined with the recovered first bit to 
^V£E2£ also provides apparatus for encoding digital data for OAM ^ss^ The 
encoder includes means for parsing a symbol to be transmitted into a first bit and at least one r ema.ning 
b?t Means are orovided for encoding the first bit with a rate 1/2 binary convolutions encoding algorithm to 

„ vol I dennes one o, four subsets of an N-bi, QAM = i.ation = eac 
subset including N/4 symbol points ol the constellation pattern. The codeword ,s mapped w lh th remaning 
bits to provide a modulation function. The remaining bits correlate the symbol w.th one of the N/4 symbol 
oints Included in the subset defined by the codeword. Means are provided for modu a„ ng a ca „ er wUh the 
modulation function for transmission on a communication channel. An outer encode can b e p ov.ded for 

* encoding Information bits using an error correcting algorithm to prov.de the symbol that .s parsed by the 
'Terr mutated embodiment, the codeword forms the teas, significant bits of tho 
and defines the columns of a matrix o« coordinates of said constella.i on Pa"-- J h « --'"!^ p' t TZ 
most significant bits of the modulation function and determine the size of the constellation pattern. The 

30 encoding means can use a trellis coding algorithm. riomnrinlates a 

Decoding apparatus is also provided in accordance with the mvenlion. \rece,ver demodulates a 
received carrier to recover an N-bit QAM modulation function in which a two-bit codeword identil.es one of a 
ZX^U co^on subsets and the remaining (N-2, bit portion represents a signal point within 
satd one subset Means are provided for pruning the recovered modulation lunclion to provide a el ol 

« nSic ^ correspon^n o said subsets and to provide a plurality of (N-2) bit subgroups repressing 
S . ty o° coloJ determinations ol lha signal point identified by the (N-2, bi. 

Z^^^Z Meeting one o, ,e plurality of (N-2, "^J^ZZZ^S^ 
,o codeword. The selected subgroup is combined with the recovered f.rs. b.l t p ov.de ade ode 

In an illustrated embodiment, the codeword compnses the least significant bits in the moau.auoi. 
tJL a^ defines IhTcoZn of a matrix of constellation coordina.es. with the selected subgroup 

decision algorithm for decoding convolutional codes. decoder is 

A concatenated decoder is also provided. In the concatenated embodiment an oule Jecode ■ J 

receiver can comprise a high definition television carrier signal. 
BRIEF DESCRIPTION OF THE DRAWINGS 
" Fioure 1 is a block diagram of a OAM transmission system employing concatenated coding; 
Figu e 2 a block diagram ol a trellis encoder in accordance with the present ,nven on; 
F gu e 3 s a block diagram ol a trellis decoder in accordance with the present Invention. 
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Figure 4 is an Illustration of a QAM constellation pattern divided Into subsets In accordance with the 
present invention; 

Figure 5 Is a diagram delining the labeling ol subsets In the constellation pattern ol Figure 4; 

Figure 6 Is a diagram illustrating the. labeling ol constellation points In the constellation pattern ol Figure 

4; and 

Figure 7 Is a graph illustrating the performance ol a concatenated coding scheme in accordance with the 
present Invention as compared to a prior art coded QAM scheme. 

DETAILED DESCRIPTION OF THE INVENTION 

Figure 1 Illustrates a concatenated coding system lor communicating QAM data. Digital information to 
be transmitted is input to a symbol error correcting coder 12, such as a Reed-Solomon encoder, via an 
input terminal 10. Encoder 12 converts the Information into a codeword 14. comprising a plurality ol 
successive n-bit symbols 16. While an outer convolutional code could be used lor encoder 12, the bursty 
nature of the errors in a transmission system, the fact that only hard quantized data is available, and the 
desirability of a high rate code make a Reed-Solomon code, whose symbols. are lormed from n-bit 
segments of the binary stream, a good choice lor the outer code. Since the performance of a Reed- 
Solomon code only depends on the number ol symbol errors In the block, such a code is undisturbed by 
burst errors wilhin an n-bit symbol. However, the concatenated syslem performance is severely degraded 
by long bursts ol symbol errors; Therefore, an interleaver 18 is provided at the output of Reed-Solomon 
encoder 12, to interleave the symbols (as opposed to individual bits) between coding operations. The intent 
ol the interleaving is to break up the bursts ol symbol errors. 

The interleaved symbols are input to a QAM trellis coder 20. In accordance with the present invention, 
coder 20 incorporates a QPSK code into a trellis coded QAM modulation system, as described in greater 
detail below. 

The output of coder 20 comprises symbols representative of coordinates in the real (I) and imaginary 
(Q) planes of a QAM constellation paltern. One such constellation point 22 is symbolically illustrated in 
Figure 1. The symbols are transmitted by a conventional transmitter 24 via a communication channel 26. 
The communication channel introduces various distortions and delays that corrupt the signal before it is 
received by a receiver 28. As a result, the coordinate values embodied in the received symbols will not 
correlate exactly with the transmitted coordinate values, such that a received point 30 will end up on the 
constellation pattern in a different location than the actual transmitted point 22. In order to determine the 
correct location for the received point, and thereby obtain the data as actually transmitted, the received dala 
(X 5) is input to a QAM trellis decoder 32 that uses a soft-decision convolutional decoding algorithm to 
recover the transmitted information. A decoder in accordance with the present invention is described in 
greater detail below. 

The decoded output from decoder 32 is input to a deinterleaver 34 that reverses the eflects of 
interleaver 18 discussed above. The deinlerleaved data is input to a Reed-Solomon decoder 36 lor recovery 
of the original information bits. 

In the present invention, a QPSK code is incorporated into the trellis coded QAM n 



provide a high data rale, bandwidth efficient system with a moderate bil error rale in 
operation. In order to achieve this result, the codewords ol the QPSK code and the "i 



v SNR regions ol 

operation. In' order to achieve this result, the codewords ol the QPSK code and the -uncoded" bits which 
together define a symbol are uniquely assigned to a QAM constellation. In addition, the received signal Is 
decoded by a combination of a soft-decision decoder with techniques for deciding which constellation 
points the "uncoded" bits refer to. 

Figure 2 illustrates an encoder in accordance with the present invention. Data bits (e.g.. from interleaver 
18 - Figure 1) are input to a conventional parsing circuit 42 via an input terminal 40. An N-1 bit symbol to 
be transmitted is parsed into a first bit that is output on line 46 to a convolutional encoder 48. The 
remaining N-2 "uncoded" bits are output on line 44 to a 2 N -QAM mapper 50. Convolutional encoder 48 
employs a rate 1/2. 64-state convolulional code, in which the generators are 171 and 133 in octal. The two 
bits output from encoder 48 and the N-2 uncoded bits (N bits total) are presented to the 2 N -QAM mapper 
for use as labels to map the N-bit symbol to a specific constellation poinl on a QAM constellation. The two 
"coded" bits output from convolutional encoder 48 are actually QPSK codewords, and are used to select a 
constellation subset. The uncoded bits are used to select a specilic signal point within the constellation 
subset from the QAM constellation. 

For purposes of QAM transmission (encoding), the codewords ol the QPSk code and the remaining 
uncoded bits must be assigned to the QAM constellation. For this purpose, one must describe a labeling of 
QAM constellation points by a modulation function. MOD(m)«R', 
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MOD:{0. 1}" — R*. 

The mapping described below has the following desirable features: (1) the consequences of the 90" phase 
ambiguity of QAM is imposed ort the QPSK codewords while the uncoded bits are invar.anl to the ambiguity 
(i.e., the 90- phase ambiguity can be dealt with in the same manner as the QPSK system) and (2) the most 
significant digits control the constellation size (i.e, a nested scheme for 16/32/64 - QAM)^ _ 
Consider the labeling described by the following matrix, lor 16-QAM (m> = m, = 0) (and QPSK, m 5 - 
m. = Mj = mj = 0): 



MOD(/r»i m 4 /Tb /Dj m, /7>, ) 






/TJj/n«/7>)f7>2 


00 


0 1 11 


1 0 


0 0 0 0 


' +1, + 1 


-1, + 1 -1.-1 


+1.-1^ 


000 1 


+ 1,-3 


+3. + 1 -1. + 3 


-3, - 1 


00 11 


-3,-3 


+3,-3 +3, + 3 


-3, +3 


00 10 


v -3. + 1 


-1,-3 +3.-1 


+1.+3 J 



for 32-QAM (m, = 0) add: 





MOD{/TJj/7l4f7bm,/77,/nj) 






25 




00 


0 1 


1 1 


1 0 




0 100 


f +5, - 3 


+3, +5 


-5, + 3 


-3,- 5 \ 




0 10 1 


+1. + 5 


-5. + 1 


-1, - 5 


+5,-1 




0 111 


+5,+ 1 


-1. + 5 


-5, - 1 


+1,-5 




0 110 


V-3, + 5 


-5,-3 


+3,-5 


+5, + 3 / 




lor 64-OAM add: 










35 


MOD(irnm4i7b/n2'm,rrb) 


/n,n>) 






/Dj rru 1D3 /t)j 


00 


0 1 


1 1 


1 0 




1100 


' +5, + 5 


-5, + 5 


-5, - 5 


♦5.-s\ 


-10 


110 1 


+5,-7 


+7, + 5 


-5, + 7 


-7, - 5 




1111 


-7,-7 


+7,-7 


+7, +7 


-7. +7 




1110 


-7, + 5 


-5,-7 


+7.-5 


+5, + 7 




1000 


-3,-7 


+7,-3 


+3. + 7 


-7, + 3 




100 1 


-7, + 1 


-1,-7 


+7, - 1- 


+1. + 7 




10 11 


+1,-7 


+7, + 1 


-1, + 7 


-7,-1 




10 10 


[-7,-3 


+3, - 7 


+7. +3 


-3, + 7/ 



The outputs of the QPSK encoder form the leasl signilicant bits (LSBs). rmmo. ol the modulator mput 
and select the column ol the matrix. The most significant bits (MSBs) determine the cons.eUatton s.ze. W, h 
no uncoded bits (m 5 = m, = m, = m, = 0). QPSK is generated. With 2 uncoded bits. m 3 m 2 , 16-QAW Us 
generated. With 3 uncoded bits, m,m,m,. 32-QAM is generated. With 4 

QAM is generaled. Furthermore, the effect ol rotating the QAM conslellal.on by 90 .s to rotate the columns 
ol the malrix, 



7 
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00-01 - 11 - 10-00; 

which iBaves the rows Invariant. This means the labeling ol the uncoded bits is unaffected by 0 • . 90 • . 
180* and 270* rotations. The handling ol the 90" phase ambiguity at the receiver (decoder) is led solely to 
the QPSK encoder. Whatever method is used tor resolving the ambiguity at the QPSK receiver can be 
directly incorporated into the QAM system using this labeling. For example, differential encoding of QPSK 
could be used if the QPSK code is itself rotationally invariant. 

The labeling of a 16-QAM and 32-QAM constellation pattern In accordance with the present invention is 
illustrated in diagrammatic form in Figure 4. The constellation patterns, generally designated 80. correspond 
to the 16-QAM and 32-QAM matrices given above. In particular, for the 16-QAM example, the 16 
constellation points are provided In a dashed box 90. The constellalion points are divided into four subsets 
indicated by tokens 82, 84, 86. 88 as shown In Figure 5. Each subset conlains four constellalion points. 
Thus, for subset 82 designated by an open circle, four points 82a. 82b, 82c. and 82d are provided within 
box 90. The subset itself is defined by the two coded bits (QPSK bits) mO. ml as indicated at 92 of Figure 
6. For the 16-QAM implementation, the specific point within each subset is identified by the "uncoded" bits 
m2. m3 as indicated at 94 in Figure 6. Thus. 82c is defined as the 00 subset and the 01 1 point within that 
subset. Each remaining constellalion point, such as points 84a. 86a. and 88a. are similarly identified. 

For a 32-bit QAM implementation, the additional 16 points outside of dashed box 90 are also included. 
These points are labeled similarly, with all three bits m2. m3, m4 designated at 94 in Figure 6 being used. It 
will be appreciated that the labeling set forth can be expanded to higher levels ol QAM. 

A feature of the labeling scheme used in accordance with the present invention, as indicated in Figure 
5, is that the Hamming weight of each QPSK symbol equals Ihe Euclidian weight divided by a factor x. 
where x corresponds to the (minimum distance) 1 between constellation points. In the present example, the 
constellation points illustrated in Figure 4 are provided at QAM levels of 1. -1. 3, -3. 5. -5 in each of the 
quadrature channels, and therefore the minimum distance between constellalion points is two. such that the 
Hamming weight is equal to Ihe Euclidian weight divided by 4. 

Figure 3 illustrates an implementation ol a QAM trellis decoder in accordance wilh the present 
invention. The received symbol data Is input to a pruner 62 via an inpul terminal 60. Pruner 62 processes 
i the recovered modulation function to provide a set ol metrics corresponding to the subsets defined by the 
QPSK codewords, and to provide a plurality of (N-2) bit subgroups representing a plurality of conditional 
determinations ol the signal point identified by the transmitted uncoded bits. In particular, four metrics are 
output on line 66 to a rate 1/2 64-stale Viterbi decoder 68. Four sels ol (N-2) bit conditional determinations 
are output on line 64. 

i Pruner 62 can comprise a memory device, such as a programmable read only memory (PROM), that 
stores a look-up table containing precomputed sets of metrics and conditional determinations for diflerent 
sets ol input values (7. Q). The (T, 9) values are used to address Ihe PROM to output Ihe corresponding 
stored metrics and determinations. This allows a very high speed pruning operation. The Viterbi decoder 
uses an accumulated history of the metrics received from the pruner to decode Ihe QPSK codewords. 

i The Viterbi decoder 68 illustrated in Figure 3 can be a conventional rate 1/2 decoder that is available for 
use wilh conventional QPSK coding schemes. Thus, in order to implement the decoder of the present 
invention, a custom Viterbi decoder is not required to decode the trellis codes. 

Consider the process of signal detection when a soft-decision QPSK decoder is incorporated in a 
system employing the previously described QAM modulator. First. In hard-decision detection of QPSK or 

5 QAM signals, the received signal. 



is quantized, where the signal. x„. belongs to the QPSK or QAM constellation (i.e.. in the_range of MOD(mJ) 
and w» is the noise. The quantization function produces an estimate ol both the signal. x„. and the data m, 
according to the relation. x k = MOD(ffi). For maximum likelihood detection (ML), the log-likelihood function. 
- log(P(yi, | MOO(m))). is minimized over the possible messages, m < (0. i) N .where p(y k | x k ) is the 
conditional probability of receiving y k given that x k is transmitted. For random messages. ML detection 
minimizes the probability of error. The most common method ol quantization is nearest (Euclidean) 
neighbor detection, which satisfies 
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||X. - *.||* - m mjn } J\y„ - MOD(m)||* 

5 where D P is the Euclidean distance squared (i.e.. the sum ol the squares). In the case of additive Gaussian 
^^SSZ^Z^ *>« Vision inlorma.ion should be provided to the decoder tor 
effective decoding of the codeword. This sort-decision information Is often described as a symbol metric 
This metrrc locates the quality ol deciding a particular symbol. A = MOD(m). was sent when y k is 

10 received. For nearest neighbor decoding, the metric ol choice Is: 

metric^: m) = 0y» • MOD(m)! 1 . 

in pracUce. the metric itself is quantized for purposes ol irnP'^ntatiorK In OPS* : f ^^^ 
,s possible message, m, . mo « {0. 1}'. the nearest neighbor metric By k - MOD(m, . mo)D J is the ML metnc for 

. ^£^"55. -notation, based on a so,, decision decodable QPSK code , our symbol metrics 
must be supplied ,o ,he decoder, as wel. as lour condition.) hard decisions. For nearest ne.ghbor de.ecfon. 
for each choice ol rm , mo « {0. 1 } 5 

20 

metricO-i,; m,. mo) = min \\y„ - MOD(m w .„ ■ • •, rr%, m,. 

m»_.. /n,£{0. 1)»-J 

35 the conditional hard decision's correspond to the choice ol m», m 2 that obtain the minimum The 

process o determining the symbol metrics and conditional hard decisions is known as pruning. In trelhs 
coded QAM , he uncoded bits appear as "parallel" branches ol the trellis, and the computation of the 
symbol metrics and conditional hard decisions ac, to prune all bu, the single bes, branch from the set ol 

3 o Para !l ed .hat'pruning is easily described in terms o, the QAM modulation matrix presented above. The 
pruning operation simply involves quantizing the received symbol. Y, tor each column ol the -i ; Jhe 
conditional hard decision is then the best choice for each column and the melric corresponds to the quality 

^'"onwtrpruning operation has been comp.e.ed. the sol, decision information is presented ,o the 
35 decoder of J QPSK code. (During this time, the conditional hard decisions are stored wa, tin or 
QPSK decisions.) The QPSK decoder, using (he soil decision information, decodes the QPSK mformat.on 

Oe the m,. m,s). The remaining information (i.e.. .he m N . m,s> is then decided ,n a well Known 

manner usino the decoded QPSK information and the previously stored conditional hard dec.sions. 

Nolo that , he QPSK decoder is ML (lor QPSK modu.ation) then the pruning/QPSK decoding method 
.o described is also ML. For example, il the QPSK code is a binary convolution., code w.tt .nearest ne^hbor 
(i e Viterbi) decoding, then the QAM trellis decoding algorithm is also nearest ne.ghbor (,e.. tinds the 
closest codeword lo the received sequence). m-~L*^, 
« in us ,rated in Figure 3. the metrics ouipul from pruner 62 are decoded by decoder 



68 to recover a single bit that corresponds to the single bit output on line 46 in the encoder of Figure 2 
Thi b Us re-encoded with a rate 1/2 64-state convolution^ encoder 70 (identical ,o encoder 48 in Figure 2 
"o ecr a* the two-bit QPSK codeword. The recreated codeword is used to select one o the 0 u, ^(N-2 bu 
subgroups outpu, Irom ,he pruner, al,er the subgroups have been delayed by « J el -V JuM" ^ 0 ™ 
, „i ,;™» D n,,=i i n thfi rialav introduced by decoder 68. The selected (N-2) bit subgroup is men 
IZZl ZZrZZ sfngie 2 from decker 68 In a seria.izer 76. ,o provide a UeHis decoded 

° U ' P aI' noted in connection with Figure 1. ,he decoded oulpu, may exhibit a modest symbol error rate that 
wT^SZTZZ ll an outer decoder. Thus, further processing o, the decoded output by 
SJeW 34 and a Reed-Solomon outer decoder 36 (Figure 1) is used ,o recover ,he original 

''"'TSmale o, the ou.pu, bit error rate, with a given input symbol error rale, lor a t error-correcling 
Reerso.omon 9 code can be easily compu.ed. An (ex.ended, ^^/S^"? IT 
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Pm, the output symbol error rate Is bounded by: 

n RS /np.s\ n RS-» 
Pou^CVn^. E^W (l-p in ) p ln ' min(i + t, n RS ). 



Then, the output bit error rate is approximated by the formula: 
10 P b - P 0U1 2 M /(2'-l) 

Also. If the / bit symbols of the Reed-Solomon code are composed of smaller, n bit symbols (e.g.. Ihe 
decoded symbols of a trellis coded QAM modulation) then the input error rate is: 

is p,„ - 1 - (1 - Pm*,)"" 

where p moi Is the n bit symbol error rale. To guarantee a "memoryless" channel when coded modulation is 
employed, the use of Interleaving Is required. 

Figure 7 Illustrates the performance ol two concatenated systems, one employing conventional rate 2/3 

20 trellis codes and decoding, and the other using the rate 1/2 QPSK implementation of trellis coded QAM in 
accordance with the present invention. The graph of Figure 7 plots Reed-Solomon block error rate against 
the carrier-to-noise ratio (CNR) In the received signal. A block error (or codeword error) occurs if one or 
more m-bit symbols are in error in the block. Curve 100 represents the performance of a concatenated 
Reed-Solomon trellis coded 16-QAM syslem In accordance with the present invention, using a rate 1/2, 64- 

25 state decoder. Curve 104 represents thB performance of a similar system using trellis coded 32-QAM. 
Curve 102 represents the performance ol a conventional trellis coded 16-QAM. rate 2/3. 16-state decoder. 
Curve 106 represents the performance ol a conventional trellis coded 32-QAM rate 2/3, -16-state decoder. 

The curves ol Figure 7 were determined by using trellis coding simulation results to estimate the 
probability of an m-bit Reed-Solomon symbol being in error. P„s„ m , and then calculating the probability of a 

30 Reed-Solomon block error in accordance with the lollowing formula: 



P b ,cck =J +1 (') (I-W> 1 -' 



where L is the Reed-Solomon block length (number of m-bit symbols per block) and I is the number of 

Reed-Solomon symbol errors that can be corrected per block. The 16-QAM system uses 116. 8-bit symbols 
<o per block, and the 32-QAM system uses 155, 8-bit symbols per block. Both Reed-Solomon codes can 

correct up to five. 8-bit Reed-Solomon symbols per block. 

The curves in Figure 7 show that if it is desired or necessary to operate the system below a certain 

CNR, Ihen the trellis coding approach ol the present invention, represented by curves 100. 104, is clearly 

the correct choice. Even at higher CNRs, however, the trellis coding approach of the present invention may 
<5 still be a better choice, because Ihe trellis decoder apparatus can be produced in a more cost ellective 

manner using a conventional QPSK Viterbi decoder chip. 

It should now be appreciated that the present invention provides a practical system for digital 

transmission of power and band limited signals, such as compressed high definition television signals. A 

coded modulation scheme based on codes lor QPSK modulation is directly incorporated into a QAM based 
so modulation system, forming trellis coded QAM. This provides an easily implementable structure that is both 

efficient in bandwidth and data reliability. 

Although the invention has been described in connection with specilic embodiments thereof, those 

skilled In the art will appreciate that numerous adaptations and modifications may be made thereto without 

departing from the spirit and scope of the invention as set lorth in Ihe claims. 

55 

Claims 

1. A method for communicating digital data using QAM transmission comprising the steps of: 
10 
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dividing an N-bit QAM conslellalion pattern into lour subsets, each subset including N/4 symbol 
points ol said constellation pattern; 

assigning a dillerent two-bit codeword to each ol said lour subsets; ,„„•„,„, 

encoding a symbol to be transmitted by processing a first bit ol said symbol with a rate 1/2 binary 
convolutions! encoding algorithm to provide the two-bit codeword assigned to the subset .n which sa,d 
symbol resides in said constellation pattern; 

mapping said two-bit codeword with the remaining bits ol said symbol to prov.de a modu afcon 
lunclion wherein said remaining bits correlate said symbol with one ol the N/4 symbol po.n.s included 
in the subset delined by said codeword; and 

modulating a carrier with said modulation lunclion lor transmission on a communication channel. 

2. A method in accordance with claim 1 wherein: 

said two-bit codeword forms the least significant bits of said modulation function and del.nes the 
columns of a matrix of coordinates of said constellation pattern; and Aatarmina , hB 

•aid remaining bits form the most significant bits ol said modulation function and determine the 
size of said constellation pattern. 

3. A method in accordance with claim 1 or 2 comprising the further step ol encoding information bits 
using an error correcting encoding algorithm to provide said symbol. 

4. A method In accordance with claim 3 wherein said conventional encoding step uses a trellis coding 
algorithm. 

5. A method in accordance.with any ol the preceding claims comprising the further steps of: 

receiving said carrier at a receiver; 

demodulating the received carrier at said receiver to recover said modulation <^tlon _ 
pruning the recovered modulation function to provide a set ol metrics corresponding to said 
subsets and lo provide a plurality of bytes representing dillerent conditional determmat.ons ol a signal 
point identified by the remaining bits; „,.„„„ „ iH 

using said metrics in an algorithm for decoding a rate 1/2 binary convolul.onal code to recover said 

' ir3t ^coding the recovered first bit using a rate 1/2 binary convolutions! encoding algorithm to recreate 

Said S ele d ctTng one of said conditional determination bytes in response to said recreated codeword; and 
combining said selected byte with the recovered lirst bit to provide a decoded output. 

6. A method in accordance with claim 5 comprising the further steps of: 

encoding information bits using an error correcting encoding algorithm to provide said symbol to- be 
transmitted; and , . . , . 

, further decoding said output using a symbol error correcting decoding algonthm. 

7. A method in accordance with claim 5 or 6 wherein said algorithm lor decoding is the Viterbi algorithm. 

8 Apparatus for encoding digital data for QAM transmission comprising: 

means for parsing a symbol to be transmitted into a first bit and at least one remaining bit; 

means lor encod^g said first bit with a rate 1/2 binary convolutional encoding algonthm to prov.de 
a JttT Soiword lha? defines one of four subsets ol an N-bi. OAM constellation pattern, each subset 
including N/4 symbol points of said constellation pattern; 

means for mapping said codeword with said remaining bits to prov.de a modulation function, 
wherein said remain^ bits correlate said symbol with one ol the N/4 symbol points included in the 
subset delined by said codeword; and , 

means lor modulating a carrier with said modulation function lor transmission on a communication 
channel. 

5 9. Apparatus in accordance with claim 8 further comprising an outer encoder for encoding information bits 
using an error correcting encoding algorithm to provide said symbol. 



10. Apparatus in accordance with claim 8 or 9 wherein: 
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said codeword forms the least significant bits of said modulation function and delines the columns 
of a matrix of coordinates of said constellation pattern; and 

said remaining bits form the most significant bits of said modulation function and determine the 
size of said constellation pattern. 
11. Apparatus in accordance with one of claims 8 to 10 wherein said encoding means use a trellis coding 



12. Apparatus for decoding QAM symbol data comprising: 

means for demodulating a received carrier to recover an N-bit QAM modulation function in which a 
two-bit codeword identifies one of a plurality of QAM constellation subsets and the remaining (N-2) bit 
portion represents a signal point within said one subset; 

means for pruning the recovered modulation function to provide a set of metrics corresponding to 
said subsets and to provide a plurality of (N-2) bit subgroups representing a plurality of conditional 
determinations of the signal point identified by the (N-2) bit portion; 

decoder means lor using said metrics in an algorithm for decoding a rate 1/2 binary convolutional 
code to recover a first bit; 

means for encoding the recovered first bit using a rate 1/2 binary convolutional encoding algorithm 
to recreate said codeword; 

means for selecting one of said plurality of (N-2) bit subgroups in response to said recreated 



means for combining the selected subgroup with the recovered first bit to provide a decoded 
output. 

13. Apparatus in accordance with claim 12 wherein said codeword comprises the least significant bits in 
said modulation function and defines a column of a matrix ol constellation coordinates, with the 
selected subgroup forming the most significant bits and defining a row ol said matrix. 

14. Apparatus in accordance with claim 12 or 13 wherein said pruning means quantize the recovered N-bit 
modulation (unction lor each column ol a matrix ol constellation coordinates and said conditional 
determinations comprise a best choice for each ol said columns with the set ol metrics identilying the 
quality of each choice. ' 

15. Apparatus in accordance with one of claims 12 to 14 wherein said decoding means comprise a decoder 
that uses a soft decision algorithm for decoding convolutional codes. 

16. Apparatus in accordance with one of claims 12 to 15 further comprising: 

an outer decoder for decoding said output using a symbol error correcting algorithm, 

whereby the combination of said decoder means and said outer decoder form a concatenated 

17. A concatenated decoder in accordance with one ol claims 12 to 16 wherein said decoding algorithm 



« 18. A concatenated decoder in accordance with claim 16 or 17 wherein said symbol error correcting 
algorithm comprises a Reed-Solomon code. 

19. A concatenated decoder in accordance with one bl claims 12 to 18 wherein said carrier is an HDTV 
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@ Coded modulation with unequal error protection. 

fs?^ Diqital signals (from 101), such as digital television signals, are subjected to a source coding step (by 
® 1M oliowed by a channe mapping step (by 114 and 115). The source coding step causes the signal to 
ta reDresantec I by first and second data streams (on 105, 106). The first stream carries data regarded as 
mo P ^nl and Ihe second carries data regarded as less importanL In the , channel ■ Wa^P- 
The mapping is such that the data elements of the various data streams have differing probata Ua of 
being erroneously detected at the receiver. The channel mapping step includes at least one rnultHlevel 
coding step. The signal constellations used In the channe mapping step are P*«toned < ° 
supersymbols, in which the distance between the symbols comprising at leas .ones of J hesup e^b* 
is less than a parameter referred to as the maximum intra-subset distance (MID). Add t.onally in some 
constellations, the minimum distance between at least ones of the symbols of at least one of the 
supersymbols is greater than the minimum distance between the symbols of the constellaUon as a 
whole while, again still being less than the MID. The first data stream is used to fentdy a sequence of 
rupersymbois. while the second data stream is used to select particular symbols from the .dentrfied 
supersymbols. 



FIG. 5 



1 12 



< 13 bits/8 symbols! 

CO 
CN 
O 

s 



1144 

-4- 



s/p 



RATE 
R=7/8 
CODE 



RATE 
R=3/4 
CODE 



J 1 41 1U7 

| 8-bit BUFFER~| — ^-"-"1 j 

_1 142 1148 > 1/ f t 

i — 1 — ! 

-»-| 8-bit BUFFER |— J J 



i 



CHANNEL ENCODER 114 

Jouve. 18. rue Saint-Denis. 75001 PARIS 



BEST AVAILABLE COPY 



EP 0 540 231 A2 



Background of the Invention 

The present Invention relates to the transmission of digital data including, particularly, the transmission 
of digital data which represents television (TV) signals. 

It Is generally acknowledged that some form of digital transmission will be required forthe next generation 
of lelevislon technology, conventionally referred to as high definition television, or HDTV. This requirement is 
due mostly to the fact that much more powerful video compression schemes can be Implemented with digital 
signal processing than with analog signal processing. However, there has been some concern about getting 
committed to an all-digital transmission system because of the potential sensitivity of digital transmission to 
small variations in signal-to-nolse ratio, or SNR, at the various receiving locations. 

This phenomenon-sometlmes referred to as the "threshold effeet"~can be illustrated by considering the 
case of two television receivers that are respectively located at 50 and 63 miles from a television broadcast 
station. Since the power of the broadcast signal varies roughly as the inverse square of the distance it is easily 
verified that the difference in the amount of signal power received by the television receivers is about 2 d8 
Assume, now, that a digital transmission scheme is used and that transmission to the receiver that is 50 miles 
distant exhibits a bit-error rate of 10-». If the 2 dB of additional signal loss for the other TV set translates into 
a 2 dB decrease of the SNR at the Input of the receiver, then this receiver will operate with a bit-error rate of 
about 1(K With these kinds of bit-error rates, the TV set that is 50 miles away would have a very good re- 
ception, whereas reception for the other TV set would probably be very poor. This kind of quick degradation 
in performance over short distances is generally not considered acceptable by the broadcasting Industry (By 
companson, thedegradation in performance for presently used analog TV transmission schemes is much more 
graceful.) 

There is thus required a digital transmission scheme adaptable foruse in television applications which over- 
comes this problem. Solutions used in other digital transmission environments-such as the use of a) regen- 
erative repeaters in cable-based transmission systems or b) fall-back data rates or conditioned telephone lines 
In voiceband data applications-are clearly inapplicable to the free-space broadcast environment of television. 

An advantageous technique for overcoming the shortcomings of standard digital transmission for over-the- 
air broadcasting of digital TV signals- referred to herein generically as "unequal-error-protection signaling"- 
comprises a particular type of source coding step followed by a particular type of channel mapping step. More 
specifically, the source coding step causes the television signal to be represented by two ormore data streams 
while, in the channel mapping step, the mapping is such that the data elements of the various data streams • 
have differing probabilities of channel-induced error, i.e.. different probabilities of being erroneously detected 
at the receiver. Illustratively, a first one of the aforementioned data streams carries components of the overall 
television signal which are regarded as the most important-for example, the audio, the framing information 
and the vital potions of the video information-and that data stream is mapped such that its data elements 
have the lowest probability of channel-induced error. A second one of the data streams carries components 
of the overall television signal which are regarded as less important than those of the first data stream and 
that data stream is mapped such that its data elements have a probability of channel-induced error that is not 
as low as those of the first data stream. In general, it is possible to represent the overall television signal with 
any number of data streams, each carrying components of varying importance and each having a respective 
probability of error. This approach allows a graceful degradation in reception quality at the TV set location be- 
cause, as the bit error rate at the receiver begins to increase with increasing distance from the broadcast trans- 
mitter, it will be the bits that represent relatively less important portions of the TV signal information that will 
be the first to be affected. 

In a scheme which implements the above-described overall concept in which different levels of error pro- ' 
tection are provided for different classes of data elements generated by the source enclosing step, but which 
provides enhanced noise immunity via the use of coded modulation, such as trellis-coded modulation, the sym- 
bols in a predetermined 2N-dimensional channel symbol constellation. N £ 1, are divided into groups, each of 
which is referred to as a "supersyrnbol. - During each of a succession of symbol intervals, a predetermined num- 
ber of the most important data elements are channel encoded, and the resulting channel coded data elements 
identify a particular one of the supersymbols. The remaining data elements, which may also be channel en- 
coded, are used to select for transmission a particular symbol from the identified supersyrnbol. 

The approach as thus far described is similar In a general way to conventional coded modulation schemes 
in that the latter also divide the channel symbols Into groups, typically referred to as "subsets." However. In 
conventional coded modulation schemes, the subsets are formed under the constraint that the minimum Eu- 
clidean distance (hereinafter referred to as the "minimum distance") between the symbols in a subset is greater 
than the minimum distance between the symbols in the constellation as a whole. In the described approach, 
however, the minimum distance between the symbols of a supersyrnbol Is the same as the minimum distance 
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between the symbols in the constellation as a whole. This distance property allows for greater amount of noise 
immunity for the most important data elements than for the other data elements, that immunity being optimized 
by keeping the minimum distance between supersymbols as large as possible-usually greater than the mini- 
mum distance between the symbols of the constellation. Specifically, once the supersymbols are defined, it 
s is possible to design codes for the most important data elements based on the distances between the super- 
symbols, i.e., as though each supersymbol were a conventional symbol In a conventional constellation. This 
being so, a particular degree of noise immunity can be achieved for the most important data elements that is 
greater than what can be achieved for the other data elements. 

(0 Summary of the Invention 

The present invention provides the designer of unequal-error-protection signaling schemes of the above- 
described type with additional flexibility. In accordance with the invention, so-called multi-level coding Is used 
to code the data elements of at least one of the data streams that are input to the channel mapping step. For 

is example, multi-level coding can be used to code the data elements which ultimately determine the supersym- 
bol selection. Alternatively, it may be used to code the data elements which determine the selection of a par- 
ticular symbol from within a selected supersymbol. Or multi-level coding can be used for both streams. The 
particular way in which the multi-level coding is used will depend on the requirements of any particular appli- 
cation In terms of the degree of error protection desired to be afforded to any particular class of the data being 

20 code T d ^ re gt leagt (wo importan t advan tages to this approach. One is that it provides an enhanced flexibility 
in designing a channel coding to realize a desired percentage of the overall data stream being coded that is 
to be regarded, and treated, as most Important. Another advantage is that it provides an enchanced flexibility 
in apportioning the available redundancy between the most important data and the less important data, there- 

25 by providing a mechanism for achieving particular desired different levels of error protection for those two 
classes of data. A yet further advantage Is that this approach allows differential levels of protection to be af- 
forded to-substreams of data elements within any of the streams that are multi-level coded In accordance w.th 
the invention. . , . 

Multi-level coding per se is a technique already known in the prior art. In accordance with that technique, 

so data elements to be coded are divided into two or more substreams. Each of one or more of the substreams 
Is then individually redundancy coded using a code of any desired type. The Individual encoded substreams- 
-along with any substreams that were left uncoded-form the output of the multi-level code. That output is then 
used in the prior art to identify channel symbols of a predetermined constellation for transmission over a chan- 
nel However the prior art does not encompass the teaching, lying at the heart of the present invention, that 

35 multi-level coding can be advantageously used to code one or more of the data streams ol an overall unequal- 
error-protection signaling scheme. 

Advantageously, particular desired combinations of a) coding gain for the most important data elements, 
b) coding gain for the less important data elements, and c) percentage of most important data elements are 
more readily achievable by incorporating one or more multi-level codes In an unequal-error-protection signaling 

40 scheme in accordance with the Invention, than when single-level codes are used. From the coding theory 
standpoint this result can be understood as arising out of the fact that the invention allows the redundancy 
introduced'into the overall coding scheme to be allocated in virtually any desired proportion between the coding 
of the most important data elements and coding of the less important data elements. 

4S Brief Description of tha Drawing 

FIG. 1 is a block diagram of a transmitter embodying the principles of the invention; 

FIG. 2 is a block diagram of a receiver for signals transmitted by the transmitter of FIG. 1; 

FIG. 3 depicts a prior art signal constellation: 
so FIG. 4 depicts a signal constellation illustratively used by the transmitter of FIG. 1; 

FIGS. 5 and 6 show illustrative multi-level coders used in the transmitter of FIG. 1 in accordance with the 

invention; , 

FIG 7 depicts a signal constellation that can alternatively be used by the transmitter of FIG. i; 

FIG*. 8 depicts a signal constellation of the type typically used in equal error protection schemes; 
55 FIGS. 9-14 depict further signal constellations that can alternatively be used by.the transmitter of FIG. 1; 

FIGS. 15 and 16 show Illustrative multi-stage decodes used in the receiver of FIG. 2 in accordance with 
the invention. 



EP 0 540 231 A2 



Detailed Description 

Before proceeding with a description of the illustrative embodiments, it should be noted that various ones 
of the digital signaling concepts described herein are all well known in, for example, the digital radio and voi- 
s ceband data transmission (modem) arts and thus need not be described in detail herein. These include such 
concepts as multidimensional signaling using 2N-dimensional channel symbol constellations, where N is some 
integer, trellis coding; scrambling; passband shaping; equalization; Viterbl, or maximum-likelihood, decoding; 
etc. These concepts are described in such U.S. patents as U.S. 3.810,021, issued May 7, 1974 to 1. Kalet et 
al.; U.S. 4,015.222, Issued March 29, 1977 to J. Werner U.S. 4.170,764, Issued October 9, 1979 to J. Salz et 
to al.; U.S. 4,247,940. issued January 27, 1981 lo K. H. Mueller el al.; U.S. 4,304,962, Issued December 8, 1981 
to R. D. Fracassi et al.; U.S. 4,457.004, issued June 26. 1984 lo A. Gersho et al.; U.S. 4,489,418, issued De- 
cember 18. 1984 to J. E. Mazo; U.S. 4,520,490, issued May 28. 1985 to L. Wei; and U.S. 4.597,090, issued 
June 24, 1986 lo G. D. Forney. Jr. 

It may also be noted before proceeding that various signal leads shown in the FIGS, may carry analog 
is signals, serial bits or parallel bits, as will be clearfrom the context 

Turning now to FIG. 1, television (TV) signal source 101 generates an analog video signal representing 
picture information or "intelligence," which signal Is passed on to source encoder 104. The latter generates a 
digital signal comprised of data elements In which at least one subset of the data elements represents a portion 
of the information, or intelligence, that is more important than the portion of the information, or intelligence, 
20 represented by the rest of the data elements. Illustratively, each data element is a dala bit, with an average 
m+k information bits being generated for each of a succession of symbol intervals. The symbol intervals are 
comprised of N signaling intervals, where 2N Is the number of dimensions of the constellation (as described 
below). The signaling intervals have duration of T seconds and, accordingly, the symbol Intervals each have 
a duration of NT seconds. The embodiments explicitly disclosed herein happen to use two-dimensional con- 
25 stellations, i.e., N = 1. For those embodiments, then, the signaling intervals and the symbol intervals are the 
same. 

Of the aforementioned m+k information bits, the bits within the stream of m bits per symbol interval, ap- 
pearing on lead 105. are more important than the bits within the stream of k bits per symbol Interval, appearing 
on lead 106. 

30 The bits on leads 105 and 106 are independently scrambled in scramblers 110 and 111, which'respectively 
output m and k parallel bits on leads 112 and 113. (Scrambling is customarily carried out on a serial bit stream. 
Thus although not explicitly shown In FIG. 1, scramblers 110 and 111 may be assumed to perform a parallel- 
to-serial conversion on their respective input bits prior to scrambling and a serial-to-parallel conversion at their 
outputs.) The signal is then channel mapped. In particular, the respective groups of bits on leads 112 and 113 

J5 are extended to channel encoders 114 and 11 5 which generate, for each symbol interval, respective expanded 
groups of r and p bits on leads 121 and 122, where r > m and p > k. The values of those bits jointly identify a 
particular channel symbol of a predetermined constellation of channel symbols (such as the constellation of 
FIG. 4 as described in detail herelnbelow). Complex plane coordinates of the identified channel symbol are 
output by constellation mapper 1 31 , illustratively realized as a lookup table or as a straightforward combination 

•w of logic elements. Conventional pass-band shaping and television modulation are then performed by passband 
shaper 141 and television modulator 151, respectively. The resultant analog signal is then broadcast via an- 
tenna 152 over a communication channel, in this case a free-space channel. 

In order to understand the theoretical underpinnings of the invention, it will be useful at this point to digress 
to a consideration of FIG. 3. The latter depicts a standard two-dimensional data transmission constellation of 

« the type conventionally used In digital radio and voiceband data transmission systems. In this standard 
scheme-conventionally referred to as quadrature-amplitude modulation (QAM)-data words each comprised 
of four information bits are each mapped into one of 1 6 possible two-dimensional channel symbols. Each chan- 
nel symbol has an in-phase, or I, coordinate on the horizontal axis and has a quadrature-phase, or Q, coordinate 
on the vertical axis. On each axis, the channel symbol coordinates are ± 1 or ± 3 so that the distance between 

so each symbol and each of the symbols t hat are horizontally or vertically adjacent to it is the same for all symbols 
-that distance being "2". As a result of this uniform spacing, essentially the same amount of noise immunity 
is provided for all four information bits. 

As is well known, it Is possible to provide improved noise immunity without sacrificing bandwidth efficiency 
(information bits per signaling interval) using a coded modulation approach In which an "expanded" twc-di- 

55 mensional constellation having more than (in this example) 16 symbols Is used In conjunction with a trellis or 
other channel code. For example, one can use a 32-symbol, two-dimensional constellation together with an 
8-state trellis code to achieve approximately 4 dB of enhanced noise immunity over the uncoded case of FIG. 
3, while still providing for the transmission of four information bits per signaling Interval. Here, too, however. 
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essentially the same amount of noise immunity is provided for all four information bits. 

Moreover, it is known that the known noise immunity and bandwidth efficiency advantages of coded mod- 
ulation are achieved while providing different levels of protection against channel-induced error for different 
classes of bits. Specifically. It is possible to achieve a level of error protection for a class of most important 
bits which is substantially greater t nan what can be achieved with the aforementioned conventional coded mod- 
ulation approach. Indeed, the transmitter of FIG. 1 embodies that concept, as will now be descnbed in further 

6 ^'he constellation used In the transmitter of FIG. 1 is illustratively the two-dimensional 32-symbol constel- 
lation shown in FIG. 4. The symbols in the signal constellation are divided into groups referred to as "super- 
symbols.' Specifically, the constellation of FIG. 4 Is divided Into 2'= 2' = 4 supersymbols. In this example, the 
points in the four quadrants constitute respective supersymbols. as denoted by a box enclosing each group. 
The supersymbols are denoted generally as n> A where b t = 0,1 and 6, = 0,1. The four supersymbols are 

^"^rahis^xampie^m = 1.625 and k = 2.125 so that the overall bit rate is 3.75 bits per symbol with 43.33% 
of the bits being In the class of most important bits. (The manner in which such fractional average bit rates 
can be achieved in practice will become clear as this description continues.) Encoder 114 adds an average 
0 375 redundant bits for every 1.625 bits that are input to encoder 114 so that r = 2. Encoder 115 adds an aver- 
age 0.875 redundant bits for every 2.125 bits that are Input to encoder 1 1 5 so that p = 3. The r - 2 bits on ead 
121 identify one of the four supersymbols and the p = 3 symbols on lead 122 select a particular one of the 
eight channel symbols within the identified supersymbol. The partitioning of the constellation is such that the 
minimum distance between the symbols of a supersymbol-that distance being denoted as d 2 in FIG. 4--is the 
same as the minimum distance between Ihe symbols in the constellation as a whole. Given this charactenslic. 
increased noise immunity for the most important bits can be provided via appropriate selection of a) the codes 
Implemented by encoders 114 and 115 and b) the ratio d,/d 2 ~where d, Is the minimum distance between the 
supersymbols. (The parameter d, Is given by the minimum of the distances between all the pairs of supersym- 
bols. with the distance between any pair of supersymbols being the minimum distance between any symbol 
of one of the pair of supersymbols and any symbol of the other.) 

Specifically, a coded modulation scheme can now be constructed for the most important bits as though 
the four supersymbols were four conventional symbols in a conventional constellation. To design such a coded 
modulation scheme, the four supersymbols are partitioned, as is conventional, into a predetermined number 
of subsets. In this case, there are two subsets, where the value of b 3 denotes which subset each of the su- 
persymbols belongs to. Thus, one subset, referred to as subset "0", comprises supersymbols and n 10 and 
the other, referred to as subset "1 ", comprises supersymbols n,, and fi„. An appropriate code is used to en- 
code the most Important input bits to generate a stream of coded output bits which a) define a sequence of 
these subsets and b) for each subset of the sequence, select a particular supersymbol within that subset. The 
less important bits are then used to select for transmission a particular symbol from each of the thus-selected 
supersymbols. In this example, as already seen, this latter selection also involves the use of coded modulation. 

In accordance with the present invention, at least one of the channel encoders implements a multi-level 
co de In this exam pTeTinlarticuTarTPoIrrorthem do. As noted earlier, a multi-level code is one in which the 
1 data elements-in this embodiment, bits»to be coded are divided into two or more substreams. Each of one 
or more of the substreams is then individually redundancy coded using a code of any desired type. The indi- 
vidual encoded substreams-along with any substreams that were left uncoded-form the output of the multi- 

eVe particular illustrative embodiments for encoders 114 and 115 are shown in FIGS. 5 and 6. respectively. 

' Encoder 114 implements a two-level code and. as such, includes two coders-coders 1141 and 1142. The re- 
dundancy code implemented by coder 1141 is a conventional rate R = 7/8 zero-sum parity check code such 
as shown in G C Clark. Jr. and J. B. Cain, Error-Correction Coding for Digital Communications New York: 
Plenum. 1981). The redundancy code implemented by coder 1142 is a conventional rate R = 3/4 punctured 
conventional code such as shown in Y. Yasuda etal. "High-rate punctured convolutional codes for soft decision 

' Viterbi decoding." IEEE Trans. Comm. . Vol. COM-32. 1984. pp. 315-318. In operation, a serial-to-parallel (S/P) 
converter 1144 within encoder 114 takes in 13 bits over 8 symbol intervals, yielding an average input bit rate 
of m =1 .625 bits per symbol interval as noted earlier. The output of converter 1144 comprises two substreams 
of bits. In one substream, the bits are provided in parallel groups of seven to coder 1141 . In the other substream 
the bits are provided in parallel groups of six to coder 1142. For every group of seven Input bits, coder.1141 

5 generates eight output bits which are applied to 8-bit buffer 11 47. At the same lime, for every group of «x input 
bits, coder 1142 generates eight output bits which are applied to 8-bit buffer 1148. The contents of buffers 1147 
and 1148 are read out synchronously in such a way that a pair of bits-one from each of the two buffers-is 
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provided on lead 121 for each symbol interval. These bits are the aforementioned bits b, and b 4 . As such, the 
former Identifies one of the two subsets "0" and "1" and the other Identifies one of the two supersymbols from 
the identified subset, the two bits b 3 and b t thus identifying one of the four supersymbols fie, n,,, O, 0 and 
An- 

s Encoder 115 implements a three-level code and. as such, includes coders 1151. 1152 and 1153. Coders 

1151 and 1152 Implement the same codes that are implemented by coders 1141 and 1142, respectively. Coder •' 
1153 implements a rate R = 1/2 convolutlonal code such as shown in the aforementioned Clark and Cain text. 
In operation, a serial-to-parallel {SIP) converter 1 154 takes in 17 bits over 8 symbol Intervals, yielding an aver- 
age input bit rate of k = 2.125 bits per symbol interval, as noted earlier. The output of converter 1154 comprises . ' 

to three substreams of bits. In one substream, the bits are provided in parallel groups of seven to coder 1151. In 
the second stream, the bits are provided in parallel groups of six to coder 1152. In the third group, the bits are 
provided in parallel groups of four to coder 1153. For every group of seven input bits, coder 1151 generates 
eight output bits which are applied to 8-bit buffer 1157. For every group of six input bits, coder 1152 generates 
eight output bits which are applied to 8-bit buffer 1158. For every group of four Input bits, coder 1153 generates 

15 eight output bits'which are applied to 8-bit buffer 1159. 

The contents of buffers 1157. 1158 and 1159 are read out synchronously in such a way that three bits- 
one from each of the three buffers-are provided on lead 122 for each symbol interval. These three bits- 
denoted 02. b, and b 0 ~ select a particular symbol from the supersymbol Identified at the output of encoder 
114. To this end, each of the symbols in the constellation is labelled with a three-bit label as shown In FIG. 4. 

20 These three bits are, in fact, the aforementioned bits bj, b, and bo. 

The symbols of each supersymbol are partitioned at a first level of partitioning into two subsets. Each sub- 
set is comprised of four symbols as denoted by the labelled b„ value. Thus one subset is comprised of the four 
symbols denoted 000. 010, 100 and 110 and the other subset is comprised of the four symbols denoted 001, 
011. 101 and 111. The symbols of each of these subsets are partitioned at a second level of partitioning into 

!S two second-level subsets, which are Identified by their labelled b 0 and b, values. Each second-level subset is 
comprised of two symbols identified by bj. 

The assignment of three-bit labels to the symbols of each supersymbol is not arbitrary. Rather, the codes 
implemented by coders 1151, 1152 and 1153 are selected taking Into account the minimum distance between 
the subsets at each level of partitioning. In particular, the most powerful, I.e., lowest-rate, code-in this case 

30 the rate R = 1/2 code implemented by coder 1153-is used at the first level of partitioning to generate b 0 be- 
cause the minimum distance between the subsets at the first level is the smallest, that distance being d,. The • 
second- and least-powerful codes, the rate R = 3/4 and rate R = 7/8 codes implemented by coders 1152 and 
1151, respectively, generate b, andb 2 , respectively, because the minimum distance between the second-level 
subsets is greater by a factor of V2 than that of the first level minimum distance whereas the minimum distance 

35 between the symbols in each second-level subset is greater by a factor of 2 than the first-level minimum dis- 
tance. 

The advantages provided by such use of multi-level codes in an unequal error protection signaling scheme 
are discussed hereinbelow. First, however, reference is made to the receiver .of FIG. 2. 

In particular, the analog broadcast signal Is received by antenna 201; subjected to conventional television 

•w front-end processing in processing unit 211 including, for example, demodulation; and converted to digital form 
by A/D converter 212. The signal is then equalized by passband channel equalizer 221. which generates a 
signal representing the equalizer's best estimate as to the I and Q component values of the transmitted symbol. 
This estimate, which is referred to hereinbelow as the -received symbol signal," is passed on parallel rails 222 
and 223 to be channel decoded by channel decoders 231 and 232. The function of channel decoder 231 is to 

•« identify the most likely sequence of supersymbols. while the function of channel decoder 232 Is to identify the 
most likely sequence of symbols, given that sequence of supersymbols. The output of decoder 232 on lead 
234 thus comprises the bits b, and b,. while the output of decoder 231 on lead 233 thus comprises the bits 
b 0 , b, and b 2 . 

Since the streams of most-important and less-important bits are. in this embodiment, both multi-level cod- 
50 ed, the channel decoders 231 and 232 must each be multi-level decoders. Straightforward maximum likelihood 
decoding, such as a Viterbi decoding, could be employed for this purpose. However, the present illustrative 
embodiment uses a more refined approach to multi-level decoding-an approach referred to as multi-stage de- ; 
coding. This is a well-known technique, the details of which can be found in A. R. Calderbank. "Multilevel codes 
and multistage decoding," IEEE Trans. Comm. . Vol. COM-37, pp. 222-29, 1989. hereby incorporated by refer- 
55 ence. For present purposes, then, it suffices to summarize, in overview, how the multi-stage decoding is car- 
ried out 

In particular, channel decoder 232 first recovers the bits encoded by coder 1142 within encoder 114 (FIG. 
5). Independent of, and without reference to, any decoding performed on the bits encoded by coder 1141. To 
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this end as shown in FIG. 15. decoder 232 Includes decode b, circuitry 2321. decode b 4 circuitry 2323 and 
e a e ^ 2322. ^operation, the received symbol signal is processed by circuitry 2321 to decode bU 
by first finding the symbol closest to the received signal symbol-and the as * 
and in (fioo v fl,,). The trellis path is then extended as per conventual V.terbl decoding o the code rnple- 
men e I to coder 1142 (FIG. 5) to generate a final decision about a previously encoded informat.on b,l tha 
was encoded by that coder. The decoded bit-one of the original most important bits-is prov.ded as an output 
on ead 234 U is also re-encoded within circuitry 2321 using the code of coder 1142 to provide bit b, to arcu.try 
2323 as well as to channel decoder 231 (FIG. 16), as described below, via lead 236. Ay.ra.or i of the rece.ved 
symbol signal is delayed by delay element 2322 by a time sufficient to provide the value of bit b 3 as ,ust de- 
scribed That signal is then provided to circuitry 2323 along with bit b, to circuitry 2323 which then proceeds 
to decode bit b, Th* is carried out. in particular, by first finding the symbol closest to the rece.ved signal sym- 
bo' and the associated metncs-in supersymbol and in supersymboin,,, The metrics are stored in a b - 
fer and are used to perform maximum likelihood decoding of the code implemented by clear 1141 (FIG. 5) 
thereby to provide another of the most important bits on lead 234. At the same time, that bit is re-encoded 

within circuitry 2323 to provide bit b 4 to channel decoder 231 on lead 236. 

m y be noted at this point that, obviously, circuitries 2321 and 2323 must be prov.ded I w.t In in ormauon 
abo Uhe constellation that . being used in order to carry out their -^ f — ™ 
illustratively stored in a constellation store 2325 whose output-denoted as A -Is provided to both of those 

to decoder 231 on lead 236, the multi-stage decoding can now.proceed-w.th,n 

!o r^ver the less important bits. To this end. as shown in FIG 16. decoder 231 includes decode b ,cu fry 
2315. decode b, circuity 2316, decode b, circuitry 2317. and delay elements 2311 2312 and 2312 .In i oper- 
ation the received symbol signal is delayed by an amount equal to the process.ng delay w,th,n decoder 232 
so that circuitry 2315 can be provided with bits b a and b< at the same time that it rece.ves the rece.ved symbol 
Snafclcultry 2315 then proceeds by first finding, within the supersymbol n>,, those symbols hav.ng b 0 - 
0 and b, = 1 which are respectively closest to the received signal symbol. The trellis path is Ihen M 
as before, using the metrics associated with those two closest symbols, lead.ng ultimately to a decoding of brt 
b and hence a recovery of one of the less important bits. That bit is then re-encoded within crcuitry 231 5 o 
as to be able to provide the value of bit b 0 to circuitries 2316 and 2317. The latter operate ,n a manner s mUar 
fo that described above with respect to the other decode circuitries to recover the other less important b.ts 
with the delays of delay elements 2312 and 2313 being sufficient to enable each of the circuitries 2316 and 

biers 241 and 242 which respectively perform the Inverse function of scramblers 110 and 111 in the transm Iter. 
A^a^l^tem««ed iO as to'be dlsplayable by an appropriate television set ls then generated from 
The descrambler outputs by source decoder 253. thereby recovering the original televsion information, or in- 
telligence. That signal is then presented to the television viewer on television set 260. 

The performance of the overall unequal error protection signaling scheme implemented I by the system of 
FIGS 1 and 2 as lust described, can now be characterized in terms of the nominal coding gain (i.e.. the coding 
Stv yiw^ 

The gain for the most important bits is 6.24 dB and for the less important bits is 2.70 dB when the number of 
Itates of each ofThe convolutional codes is chosen to be 16. The unique advantage of the present invention, 
howeve does not wholly lie with the particular levels of coding gain achieved. Coding arrangements known 
^^maySave comparable, oreven better, coding gain results in particular applications. However, 
where Zinven" n s particula ly advantageous Is in its ability to provide the system designer with a greatly 
danced «pab£ V& the desired performance criteria, grven the application, and to then read,ly arnve 

at a coding scheme which meets those critena. 

For example, the overall data rale of the above-described system can be .ncreas ed from 3 75 t 3 „ 5 
bits per symbol without affecting the coding gain by changing the cod, implemented by coders 14 i and 115 
to a rate R =15/16 zero-sum parity check code (and using 16-bit. rather than 8-b.t, buff« « he encod ere). 
(Atthe same time, the percentageofmc^t important 

As another example, the percentage of most important bits can be reduced to 34.375 U wh.le at the same 
^e lnteas!ngThe level of error protection afforded to those bits by a) changing the codes ampleme nted by 
Z^ml 1142, 1152 and 1153. to respectively, a rate R = 7/8 punctured convolut.onal code; a rate R - 3/4 
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convolutional code; a rate R = 7/8 zero-sum parity check code; and a rate R = 3/4 convolutional code; and b) 
eliminating coder 1151 so that the bits applied to buffer 1157 are uncoded bits. This arrangement achieves 
coding gains of 8 dB for the most important bits and 0.22 dB for the less important bits. Additionally, by changing 
the ratio of cyd, In FIG. 4, one can trade off the gains of the most important and less important bits. It will 
s thus be seen that the invention allows for the use of a virtually unlimited range of design parameters- including 
the coda rates, code complexity, overall coding redundancy, fraction of that redundancy used for error protec- 
tion of the most Important bits (as opposed to that used for the less Important bits)— in order to meet desired 
system design criteria. This flexibility can be further enhanced by using various different signal constellations, 
including constellations having various different numbers of symbols, symbol spacings. supersymbol groupings 

io and subset partitionings. Indeed a new class of constellations may be advantageously used to provide the sys- 
tem designer with even further flexibility. These constellations are characterized by particular distance rela- 
tionships within the constellation. Indeed, an important parameter in the design of coded modulation schemes 
Is the so-called Intra-subset distance. This parameter Is the minimum distance between any two symbols in 
the subset. In coded modulation schemes which, unlike in the present invention, seek to provide equal error 

is protection, the design constraint Is to partition the constellation Into subsets In such a way as to maximize the 
minimum of the inlra-subset distances taken across all the subsets. This value, which we define as the "max- 
imum intra-subset distance," or MID. has been achieved when, given a particular partitioning, any further at- 
tempt to increase the Intra-subset distance of any particular subset (by making any other symbol-to-subset 
assignment changes) would not result in a further increase In the aforesaid minimum value. 

20 Further, an important distinction between equal error protection and unequal error protection schemes 

needs to be kept in mind In the former, the error protection for the so-called coded bits is determined by the 
minimum distance between subset sequences while the error protection for the uncoded bits is determined 
by the minimum distance between the symbols within a subset Designers of equal-error-prolectlon schemes 
want these two minimums to be as close to each other as possible because they want equal error protection 

25 for all the data. The performance of these schemes is dominated by the distance between the symbols within 
a subset This results from the fact that one can always increase the complexity of the code in order to achieve 
whatever distance is desired between subset sequences. 

In the case of unequal error protection, by contrast, the symbols in a supersymbol are selected by the 
less Important bits. Thus the distance between these symbols can be significantly less than the MID. Indeed 

30 it is limited only by the distance between the symbols of the constellation as a whole. This distance is chosen 
to provide the necessary level of error protection for the less important bits. Once we fix that distance, then . 
the subset partitioning can be done to take advantage of this fact, thus making possible Die realization of great- 
er distances between the supersymbol sequences than would be possible with conventional coded modulation 
for the same complexity. We are. thus, no longer constrained to keep the symbols within a supersymbol far 

35 away from each other. 

Taking the foregoing into account, constellations useful in unequal-error-protection signaling schemes are 
characterized by the fact that the minimum distance between at least some of the symbols of at least one of 
the supersymbols Is less than the MID. Indeed, constellations of this general type are known. However, in the 
prior art. the minimum distance between the symbols of the supersymbols is the same as the minimum dis- 

«> tance between the symbols of the constellation as 3 whole. By contrast, the constellations In question are not 
so constrained. That Is, the minimum distance between at least ones of the symbols of at least one of the su- 
persymbols is greater than the minimum distance between the symbols of the constellation as a whole while, 

I again, still being less than the MID. Graphically speaking, constellations meeting this criterion will generally 
appear to have supersym bols whic h, at Jeastjo some degre e, overlap ( as do the subsets of the constellations 
used for equal error protection schemes). That is'a't jeast one symbol of a least one supersymbol will be closer . 
to each of a pair of symbols of a different supersymbol than that pair of symbols are to each other. 

One illustrative, 32-symbol, constellation embodying these principles is shown In FIG. 7. This constellation 
is partitioned Into four supersymbols, the constituent symbols thereof being labelled A, B, C and D, respec- 
tively. The distance labelled as "X" can be. for example, "1\ thereby providing a constellation whose individual 
so symbols are uniformly spaced. Or "X" can be greater than one-such as V3-thereby increasing some of the 
inter-supersymbol distances. This provides an additional degree of design freedom in terms of achieving par- 
ticular desired levels of error protection. 

The MID of the constellation of FIG. 7 is "2\ which can be verified from a consideration of FIG. 8. in which 
the same constellation has been partitioned in order to provide equal error protection. That is. the minimum 
55 distance between any two symbols labelled 'A', for example, is, in fact, '2'. In FIG. 7. by contrast, the corre- 
sponding minimum distance, in accordance with the Invention; is less than "2\ Specifically, it is <2. And note 
that, from a graphical perspective, subsets A and B overlap one another, as do subsets C and D. (It is thus 
not possible to draw a box around the supersymbols, as was done in FIG. 4.) 
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Another illustrative constellation-this one having 64 symbols-Is shown in FIG. 9. Again, the constellation 
is partitioned into four supersymbols labelled using the same labelling convention as that used for FIG. 7. 

FIGS 10-14 show yet further constellations that can be used to advantage in conjunction with the present 
invention. The same labelling conventions are used and thus nothing further need be said about the conf ig- 
s uration of these constellations. , 

The following two tables illustrate the tremendous flexibility provided by the present invention in terms of • 
providing unequal-error-protection signaling schemes which provide various different combinations of a) per- 
centage of most important bits, b) degree of overall code redundancy, c) coding gains, and d) ratio of peak- 
to-average power (which is an important consideration In power-limlted channels such as terrestrial and set- 
,o ellite telephone channels). TABLE 1 is a table of codes in which 25% of the bits constitute the mos impor an 
bits TABLE 2 is a table of codes In which various other percentages of the bits constitute the most important 
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« TABLE 1 



(0 





Example 


Constellation 


CodeC, for 
important bits 


CodeC, for less 
important bits 


15 


4A 

25% moss, important 
data 
rate4-l/i. 


Fig. 10 
P = SI2.PAR b 1-7 

I 1 , if ab * cd 


[2335): 16- 
sute.raie 1/2 
convolution*! code 
rf'(Co) = 11 
T = 7.4 db 


single parity check 

code with 
redundancy 1 IL 
rf'(C,) =2 
T= OdB 


20 
25 


4B 

25% most important 
data 
rate4-2/i. 


Fig. 7 

F n 3.07, PAR = 1-7 

dHn*,n u ) z 

4. if ab =» cd 
. j 3. if ab » c2 
| 1. if ab = cd 


(6J1): 16- 
state, rate 1/2 
convolutional code 
rf.»(C,) = 14 
r = 7.6 dB 


single parity check 

with redundancy 2/i 
rf , (C,)»4 
Y= 2.12dB 


30 


4C 

25% most important 
rale4-l/i 


F,g. 11 
F = 5.25. fAR = 17 

j 10. if ab » erf 
1 2, if ao * erf 


[23J51: see 
Example 4A 
rf^C,) - 26 
r = 7.91 dB 


single parity check 
code with 
redundancy ML 
d 2 (C,) =4 
7 » 0.21 dB 


3S 


4D 

25% most important 
rate4-2/I 


Fig. 12 
F = 11. = 1-86 
rf'Cflo.O,) - 25 


single parity check 

redundancy ML 
rf'tC) - 50 
T = 7.54 dB 


[23J5): see 
Example 4A 
& 

parity check 
rf'fCo) = 14 
Y = 2.20dB 


40 
45 


4E 

25% most important 
rale4-Ui. 


Fig. 9 

F * (4+24x+140x , )/32 

rf'cru.n,.,) a 

j l+x 1 . if oi = erf 
1 i 1 , if oi = erf 
I 1. if ao = erf 
m = 205 for x = 0.3 


£ code r°(dB) 
0?4 [23J5) 4.92 
0.3 [23,35) 6.11 
0.2 [23.35) 7.90 
0.1 (23.33) 10.10 


2-levelcode: see 
Example 4D 

rf J (C„) = 14x J 
£ 7(dB) 
0.4 3.96 
0.3 3.25. 
0.2 1.91 
0.10-1.46 
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10 



25 





Signal 
Constellation 


Code C 0 for 
important bin 


CodeC, for less 
Important biu 


4F 

JO* important 
data 
rate4-l/Z 


/> = 


Fig. 13 
10.S, PAR = 2 33 

Ha*, n.) a 

J. if ab - (3 
2. ifai-cS 
1, if 00 = cd 


[2J1]: 16- 
staic. rate 1/2 
convoludonalcode 
rf'CCo) " IS 
r°3.8dB 


tingle parity check 
code with 

T = 2.8dB 


4G 

33* important 
data 
rate4-2/i 


Fig. II 
t = 5.25, /M* » 1-7 
see Example 4C 


2-levelcode:- 
' [52.66,76): 16-suue 

code.** = 12 

parity check 
d'(Co) - mln(12x2,2xl0) 
» 20 
T = 6.8 dB 


Mevelcode;. 
(3U3)wuh 
puncturing rule 

[I o} logive 

16-staie, rate 2/3 
coded/) ■ 5 
& 

parity check 
d x (C» - 
inin(5x8.2xl6.64) = 32 
■7 = 2.8 03 


4H 

37.5* important 
feu 
raie4-Wt 


Fig. 10 
P = 5.75. PAR = l-W 
see Example 4C 


2.1eveleode:- 
[23.35): 16-iute 
rate 1/2 convolutioni! 
coded,, - 7 
& 

parity check 
d»(Co) - min(7x2.2xl0) 
= M 
r-5.3dfl 


2-level code- 
ine 2/3 punctured 
convoludonalcode 
6om Example «0 
& 

16- stale, rate 7/8 
punctured convolutions! 
codewiAdH = 3 
d'CC.) = 
min(40, 3x16. 64) = 40 
\ T »3.76dB 
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TABLE 2 Cont'd. 



Example 


Constellation 


Code C, for 


CodeC, for less 


4J 

43.7J* important 

data 
rate4+l/4-2/f. 


Rg.4 

V = 4.75./V« - 1-9 

J 8. if a*. U 
\ 4. Hob - «/ 


2-levelcode:. 
rate 3/4 convolutional 
code from Example 4F 
* 

parity check 
<f J (C 0 ) - mio(4x4. 2x8) 

» 16 

T» 6.24 tlB 


3-Jevelcode:- 

code from Example 4 A 
i 

rate 3/4 convolutional 
code from Example 4F 
k 

parity cheek 
^(C.) - 7 
7»2.7dB 


56.25% important 
rate4-2/£. 


Fig. 14 

9. ife -/ 
18. iff* =?/ 
36, ifo6c = £/ 


3-leveleode. 
rate 1/2 convolutional 
code from Example 4A 

4' . 
rate 3/4 convolutional 
code from Example 4F 
& 

parity check 
d'CC,) = min(63 , 72, 72) 
= 63T = 6.73 dJJ 


. 2-Ievel code: ■ 
rate 3/4 convolutionaj 
code from Example 4F 
& 

parity check 
rf'CC,) - 16 
, T= 0.78dB 


4L 

22.5% important 

rate 3+7/6- UL 
. (power penally) 
0.75 dB 


Fig. 12 
P - 11. MX - 1-86 

<f'(n,, n,) = 25 


[23 J5) with 
puncturing rule 
(10I0O1 1, 110010] 
to give 16-nate 
rate 7/8 coovolulional 
codewiU.rf )( .3 
rf'tCo) =75 
T = 8.33 dB 


see Example 4 D 
</ J (C,) = 14 
7 = 1.27 dB 



In these tables, P denotes the average power per dimension; PAR denotes the peak-to-average power 
so ratio; d 2 denotes the square Euclidian distance between the supersymbols represented by its arguments; r 
denotes the nominal coding gain for the more important bits; y denotes the nominal coding gain for the less 
important bits; and (g^J is the generator matrix, in octal notation, for the convolutional codes indicated; L is 
the length of the parity check code. For non-uniform constellations, the degree of non-uniformity is determined 
by x. The tables also show the achievable gains as a function of x. 
« In designing unequal error protection signaling schemes, such as those just presented in TABLES 1 and 

2. one typically must first be given the values of certain parameters. These include (a) available channel band- 
width, (b) the worst-case channel SNR, (c) the number of classes of bits, (d) the percentage of bits in each 
class, (e) the desired quality of the final received signal underthe worst-case channel conditions, (f) acceptable 
12 
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decoder complexity, and (g) peak-lo-average power ratio. One can then proceed to design an unequal-error- 
protection scheme consistent with the given parameter values. 

Typically, one might begin by choosing the signal constellation to allow for about one overall bit of redun- 
dancy per symbol. The number of supersymbols that is needed is determined by the actual number of Important 
bits per symbol. For example, If more than 25%, and less than 50%. of the bits are important, and if the available 
bandwidth and required overall bit rate dictate, say. four information bits per symbol, then we will have to trans- 
mit one important bit per symbol. Assuming, further, that it is desired to provide some amount of redundancy 
for the important bits and that those bits will be used to select the supersymbols. then it may be reasonable 
to use a two-dimensional constellation having four supersymbols. Various of the constellations disclosed here- 
in or any other desired constellation, can be used as the initial design choice. One would then proceed to select 
codings to be used for the bit streams depending on the relative redundancies desired to be allocated to them 
Importantly, the use of multi-level codes, In accordance with the p resent invention, can facilitate the attainment 
of the desired design criteria. If. upon anaTysis, it appears that thTdesired quality at the worst-case SNR is 
not achieved with the design arrived at to this point, other constellations and other codes can be explored 
with a view toward seeing whether it can, in fact, be achieved. If this does not appear possible, one or more 
of the previously given constraints, such as acceptable decoder complexity, may have to be relaxed. Other 
design criteria are conceivable as well as other parameters that may affect the choice of the code design. 
/ In accordance with an advantageous technique for assigning the values of the bits that are used to select 
■ the symbols from each identified supersymbol to those symbols, a pair of symbols from respective different 
supersymbols are assigned to the same less-important-bit values if the distance between that pair of symbols 
Is the minimum distance between any pair of symbols of those two supersymbols. Such a scheme is illustrated 
in FIG. 10. in which, like In FIG. 4, each symbol Is labelled with a 6 2 . 6„ b 0 set of values. Note, for example, 
that the symbols labelled 110 In each of the supersymbols Doo, fioi. «io and n„ all satisfy the aforementioned 
criterion. Such a labelling scheme-which is achievable lo varying degrees, depending on the constellation and 
supersymbol geometries-is advantageous in that it improves the probability that the less-important-bit values 
will be decoded properly, even if an error is made In recovering the correct supersymbol sequence. Beyond 
this, it may be possible to achieve former benefit by similar judicious choice of bit assignments for those sym- 
bols' which do nol meet the above-mentioned minimum distance criterion. This would need to be done, however, 
within the constraints that are imposed by any coding that Is implemented for the symbols within the super- 
symbol, as was. in fact, the case of the example described above in conjunction with the constellation of FIG. 

4 " The foregoing merely illustrates the principles of the present invention. For example, although the illus- 
trative embodiments are implemented using two data streams- the most- and less-important-the invention 
can be used in schemes which include three or more streams . Additionally, although two-dimensional constel- 
lations are shown, the invention can be used in schemes using constellations with more than two dimensions. 

It may also be noted that although the invention is illustrated herein as being implemented with discrete 
functional building blocks, e.g., source coders, scramblers, etc., the functions of any one or more of those build- 
ing blocks can be carried out using one or more appropriate programmed processors, digital signal processing 
(DSP) chips, etc. 



1. Apparatus for communicating information comprising 

means (104) for generating a digital signal representing the information, the digital signal being 
comprised of at least first and second streams of data elements, 

CHARACTERIZED BY t 

means (110. 111, 114, 115. 131) for channel mapping the digital signal in such a way that the prob- 
ability of channel-induced error for the data elements of the first data stream is less than the probability 
of channel-induced error for the data elements of the second data stream, said channel mapping means 
including means (114) for multi-level coding at least one of said streams, and . 

means (141, 151) for transmitting the channel mapped signal over a communication channel. 

2. The invention of claim 1 wherein said Information is television signal information and wherein first stream 
of data represents television signal information that is more important than the television signal informa- 
tion represented by the data elements of said second stream. ^ 

3. The Invention of claim 1 wherein said at least one of said streams includes at least two substreams. and 
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wherein said multi-level coding means Includes means (1141, 1142) for redundancy coding at least one 
of said substreams and for combining all of the redundancy coded substreams of said one stream and 
any of its substreams that are not redundancy coded to form a coded signal for use In the channel map- 
ping. 

The invention of claim 3 wherein the channel mapping means selects a sequence of symbols from a pre- 
defined constellation to represent the data elements, the constellation being comprised of supersymbols, 
the minimum distance between the symbols within at least one of the supersymbols being less than the 
maximum intra-subset distance for said constellation. 

The Invention of claim 4 wherein the minimum distance between the symbols of said at least one of the 
supersymbols is greater than the minimum distance between symbols of the constellation as a whole. 
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FIG. 5 
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FIG. 7 
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FIG. 13 
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SINGLE-SIDEBAND COMMUNICATION SYSTEM 



Torhnical Field 

^T^resent invention relates to a digital 
; communications system which transmits a single-sideband 
signal comprising modulated quadrature-related carriers. 
Background of the Invention 

— 3 Dig i ta l communication systems utilize a myriad of 

Elation formats. In one commonly-used format elements 
0 of a data signal modulate quadrature-related «««« 

signals. This type of modulation has a variety of names, 
such as Phase shift keying (PSK, , quadrature amplitude 
modulation ( QAM ) , and asynchronous phase shift keying 
(APSK). The information conveyed by the data signal is , 
5 Zrs , virtually limitless and can include voice, vi eo 
fLsim le and the like. Moreover, the transmission channel 
casing the modulated carriers is also not limited and, at 
present, may include air, wire or lightguide. 

A problem in practically all communications 
20 systems is that the transmission channel is ' 
That is, there is a finite frequency interval which can be 
us to convey information. This limitation arises because- 
Z system and/or device requirements. While the seven 
of this problem does vary from system to system, it still 
25 can be said that the ability to convey still more 

information in a given frequency interval would be highly 

desirable ^ increase the information- 
carrying capacity of a digital system transmitting 
30 I duLted qLrature-related carriers is to increase he 
number of permissible modulation states. An example of 
t his technique is exemplified by the design and 
of 64 0AM systems in lieu of ,6 0AM systems in ap Rations 
requiring greater capacity. The problem with this 
35 tech nique is that the change in th/number of modu at on 

states requires at least the design and de velopment of ne w 
adulators and demodulators. This effort is often 
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expensive and the resulting equipment, at times, can not be 
retrofitted into operational systems without great expense. 

Another technique to increase system capacity has 
been to utilize single-sideband signals instead of double- 
sideband signals. This technique is rather simple to 
implement and has been routinely used in formats which 
modulate a single carrier signal. Unfortunately, this 
technique has not been used for systems utilizing 
quadrature-related "carriers because there was no known way 
of intelligently decoding the received signal after single- 
sidebanding . 

Summary of the Invention 

The present invention is intended for use in 
digital communications systems wherein elements of a data 
signal modulate quadrature-related carrier signals. To 
reduce the required bandwidth, the resulting .modulated 
quadrature-related carriers are transformed into a single- 
sideband signal. After propagation through the 
transmission channel, the received single-sideband signal ' 
is demodulated into received signal elements. Each of 
these elements includes an element of the data signal along 
with a spurious signal introduced by the single-sideband 
transformation. To recover the data signal elements, each 
received signal element is altered to form at least one 
estimate of the corresponding data signal element. Each 
estimate formed is then compared against a set of 
permissible data signal element values and the estimate is 
outputted if a preselected criterion is met. 

A feature of the present invention is that it can 
) be implemented within existing digital communications 

systems to provide a substantial increase in information- 
carrying capacity within some ' preselected bandwidth. 

A further feature of the present invention is 
that it can be used with conventional demodulation and 
5 equalization techniques. 

Brief Description of the Drawing 

FIG. 1 is a block schematic diagram of a 
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communications system which incorporates the present 
invention; ^ ^ ^ ^ ^ ^ ^ diagram of 

the signal levels transmitted by the communications system 
5 of FIG. 1; and 

FIG 3 is a detailed schematic diagram of 
decoders 118 or 119 shown in the communications system of 
FIG. 1. 

Detailed Description 

FIG 1 shows an exemplary QAM communications 

sys tem which incorporates the present lotion. At 
t ansmitter 10, a digital data signal 
coupled to QAM modulator 101. Within modulator 01 
erlal-to-parallel converter 121 spreads successive d 
,5 sicnals on lead 120 over four paths 131,132,133, and 134 

- o-analog (O/A) converter 122 quantizes the signals 
Rearing on leads 131 and 132 into a number of signal 
Stages which appear on lead 135. Similarly A 
converter 132 quantizes the signals on leads 13 and 134 
20 into a number of signal voltages which are coup ed 

, ^ nr; Multipliers 127 and 128 receive the signal 

"I "on a! 135 a„a ». after they 

Z o la by Kyguist filters 124 ^ ,»». »oltip U« 1» 

25 oscillator 126 with the signals °» l« d 135 ,tt,r 

" erin,. m similar fashion, -ltlpli« «• ^ulate 

Utaae of a secooa capiat sigh*! with t a sign.ls 
oh le.a 136 after seoothihg by Nygoist filter 125. 
sacono carrier signal soppliea to .ultiplier ,>. « 

. „ hv shifting the carrier signal gener.tea by 
30 generatea by shifting ti> )J9 _ 
oscillator 126 by »mos .'2 raaians via pna 
Hence, the pair of carrier signals suppliea to 

••Ir„^::;:r.:;:T:»r;^,:",;... 

outputs this son,, also a aouble-siaeba„a signal ooto 
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lead 102. 

Reviewing the signal processing provided by the 
transmitter components discussed thus far, it can be said 
that these components modulate quadrature-related carriers 
with elements of a data signal, wherein one element of the 
data signal comprises the signals appearing on leads 
131,132 or 135 or 137 while the other data signal element 
comprises the signals appearing on leads 133,134 or 136 or 
138. In addition, "if we select the number and permitted 
values of the signal voltages provided by D/A converters 
122 and 123, we can graphically depict all of the possible 
combinations of transmitted carrier signal amplitudes 
which represent the data signal on a cartesian coordinate 
plot. Such a plot is commonly referred to as a signal 
space diagram. 

Refer now to FIG. 2 which shows the signal space 
diagram for the illustrative transmitter of FIG. 1. The 
data signal element appearing on lead 137 is designated as 
the "I" or in-phase element of the data signal while the 
data signal element appearing on lead 138 is referred to as 
the "Q" or quadrature element. As shown, the permissible 
values of the "I" and "Q" elements are +1 and +3 volts and 
all possible combinations of these permissible values form 
1 6 signal state s, designated as 201 , in FIG. 2. ■ 

In prior art communications systems, the output 
of summer 130 is coupled to a transmission channel which 
propagates the information to system receiver 11. In 
accordance with the present invention, a filter 103 is 
added to the transmitter to convert the double-sideband 
signal at the output of summer 130 into a single-sideband 
signal thereby reducing the bandwidth required for signal 
transmission. This bandwidth reduction also permits the 
transmission of a second single-sideband QAM signal in the 
recovered frequency interval. The resulting capacity of 
5 two 16 QAM single-sideband signals is equivalent to that of 
a 256 QAM double-sideband signal. The double-sideband to 
single-sideband signal conversion, however, corrupts the 
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operation of conventional QAM receiver circuitry and 
additional functional capability is required in the 
receiver to intelligently recover the data signal .lei 
At this juncture, it should be understood that the present 
invention is also applicable to radio systems wherein 
additional circuitry is often disposed between summer 130 
and the transmission channel to shift the frequency of the 
transmitted carriers to a higher frequency band. Moreover, 
the present invention is not limited to QAM systems and, 
. indeed, may be utilized in any system which transmits a 
signal comprising modulated quadrature-related carriers 
which are modulated in phase or amplitude or some 
combination of phase and amplitude. . 

'.TO understand the principles of the present 
5 invention, it is first necessary to consider the effects of 
filtering one of the sidebands of the illustrative double- 
sideband QAM signal and then transmitting the resulting 
single-sideband signal through a transmission channel. 

The QAM signal appearing at the output of 
0 summer 130 can be expressed as a function of time s(t) 

with .. 1 . 

S (t) = i{t) cos w c t - q(t) sin w c t , UJ 

and where w c denotes the frequency of the carrier 
, 5 generated by oscillator 126, and 

i(t) and q(t) respectively denote the values 
of the I and Q data signal elements as a 
function of time. 
When s(t, is passed through filter 103 with an impulse 
30 response h(t) in order to reject either one of the 

sidebands, we can express the resulting single-sideband 
signal as (s(t)J SSB with 



[s(t)l SSB - /h(T)i(t-t)co.[w c (t-T)]dx 

- /Mr)q(t-T)sin[w c (t-T)ldr (2) 
and where x represents a dummy variable of integration. 
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Using the trigonometric identities: 

cos(w c (t-T)] = cos w c t cos w c t + sin w c t sin w c x and 
sin[w c (t-r)] = sin w c t cos w c x - cos w c t sin w c x, (3) 

5 equation (2) can be rewritten as: 

+ <r 

[s(t)] SSB = /{h(x)i{t-x)cos w c x dxlcos W< .t 
+« 

+ /{h(x.)q(t-x)sin w c x dxlcos w c t 

10 +« 

+ /{h(x)i(t-x)sin w c x dxjsin w c t 

+« 

- /{h(x)q(t-x)cos w c x dx}sin w c t (4) 
15 Equation (4), in turn, can be written as: 

[s(t)] SSB - \ (i(t) + q(t) }cos w c t 

- jfqCt) - t(t))sin' w c t , (5) 

where ?(t) and q{t) are the Hilbert transforms of i(t) and 
q(t), respectively. 
20 A comparison of equation (5) with equation (1) 

reveals that the effect of eliminating one of the 
sidebands of the QAM signal of equation (1) contaminates 
i{t) with the Hilbert transform of q(t) and contaminates 
q(t) with the Hilbert transform of i(t). Consequently, the 
25 receiver of FIG. 1 must be provided with the capability of 
eliminating q{t) and t(t) to respectively recover the i(t) 
and q(t) components. 

Refer back to FIG. 1 and consider the general 
case where transmission channel 105 is dispersive and 
30 introduces distortion comprising intersymbol interference 
(ISI), cross-rail interference (X-rail ISI) and Gaussian 
noise (n(t)). If s(t) SSB is coupled through a 
conventional QAM demodulator 107, two received data 
elements i'(t) and q'(t) are formed on leads 110 and 111. 
35 The generation of i'(t) and q'(t) is accomplished by 
extracting the quadrature-related carriers from the 
received signal using well-known carrier recovery 
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techniques. The signals on leads 110 and 111 can be 
expressed as: 

i-(t) = liCt) +$<t)l + ISI + ISI + n^t) , (6) 



5 q'(t) - [q(t) -^(t)l + ISI + X-rail ISI + n Q (t) 

with n x (t) and n Q (t) respectively representing the 
Gaussian noise introduced into i{t) and q(t). 

The ISI and X-rail ISI in equations (6) and (7) 
,0 can be eliminated by coupling i'(t) and ,-<t) through 

conventional transversal equalizers 112 and 113 which are 
configured to operate on i'(t) and q'(t) as if 
(i(t) +q(t)l and [q(t) - i(t)l were the information 
signals. The equalized signals i B (t> and q B (t) 
IS appearing at the output of equalizers 112 and 113 are then 
sampled at the baud rate, 1/T, by. sampler 114. The^ 
k th sample, where K is any integer, can be expressed 



(7) 



ip(kT) 



[i(kT) + q(kT)] + n I£ (kT) (8) 
for" lead 116 and 

q E (kT) = q(kT) - i(W) + n QE tkT) £ 
for lead 117. The expressions ^(M) ana n QE (kT) 
represent the Gaussian noise in the received signal 
components after equalization. Sampler 114 is controlled 
by a timing signal on lead 108 which is supplied by 
conventional timing recovery circuitry (not shown) in the 
receiver. ^ ^ infor mation carrying components of 

i(kT) and q(kT), 3(kT) and fcw) must be eliminated It 
can be shown that $(kT) and T(kT) can only assume a limited 
number of values and the values are a function of the 
quantized values provided by D/A converters 122 and 123. 
The set of values for f(W) and $(kT) for any 
communications system utilizing Nyquist filtering can be 
5 expressed as Q 
?(kT) = -1/2q((k-1)T) + l/2q((k+1)T) 

and 
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g\kT) = -1/2i((k-1)T) + 1/2i((k+1)T). (1D 

That is, the Hilbert transform of i(t) at the k tn 
sampling time is a function of q(t) at the (k-1) and (k+1) 
sampling times wherein the (k-1) and (k+1) sampling times 
are respectively one sampling time immediately preceding 
and one sampling time immediately succeeding the k 
sampling time. And, the Hilbert transform of q(t) at the 
k th sampling time is a function of i(t) at the (k-1) 
and (k+1) sampling times wherein the (k-1) and (k+1) 
sampling times are respectively one sampling time 
immediately preceding and one sampling time immediately 
succeeding the k th sampling time; 

From equations (10) and (11), it follows that in 
the illustrative 1 6 ' QAM communication system wherein iU) 
and q(t) can take on the values of + 1 and + 3 volts, i(kT) 
and -q\kT) can take on any value from the set {0, -1, -2, 
-3, 1, 2, 31. Therefore, at any sampling instant, kT, 
T(kT) and 'q(kT) can assume one of seven possible values. 

Refer now to FIG. 3 which shows a detailed 
schematic of the circuitry within decoders 118 and 119 of 
FIG. 1. In decoder 118, the k th sample i E (kT) is 
supplied to seven summers 301, 302, ... 307 to form seven 
estimates of i(kT) on leads 311 through 317. Each summer 
forms one of these estimates by subtracting a different one 
of the seven possible values of $(t) from i E (kTji. Each 
of leads 321-327 supplies a different value of 3(t) from a 
source of reference voltages (not shown). Selection 
) circuit 318, comprising multiple threshold detectors, 
compares each estimate against the permissible values of 
i( t), namely, +.1 and + 3 volts, and selects the estimate 
of i(kT) which is closest to any of the permissible values. 
This selected estimate is outputted on lead 150. 
5 Decoder 119 performs an identical operation on each 

sample q E (kT), with the estimate of q(kT) closest to one 
of the- permissible values of q(t) being outputted on 
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lea d ,5, in FIG. I. AS shown, leads 150 ana 151 couple 
t" selected estimates of iH, ana ,(« to timing recovery 
Ta otner receiver circuitry for further signal processing 
not connects with the present invention. 
. in the process of estimate formetion end 

selection, it is possible for ambiguities to arise, I.e.. 

ere are two or .re estimates formea which are e q ». 
close to different. permissible aata element "f™-J^ ' 
pc ob!e» can be avoided by using one set of values for U, 
,0 and a different set of values for ,(t). ror example for 
be illustrative 16 Q«« signal constellation shown in 

re: ir-r^^ - — •« 

15 PC ° ble °' while the disclosed decoders lis and 119 comprise 
circuitry which simultaneously provides seven possible 
estimates of Ut, and ,(t) using parallel signal 
prooessing. the decoaers couia comprise on y on « 
20 which sequentially forms seven estimates of Kt, or ,<t>. 
In this approaoh. selection circuit 31. compares e 
estimate against the permissible values of aa 
an any estimate which falls within a predetermined 
Interval surrounding each permissible value would be 
25 outputted. Upon selecting an estimate, selector 

"rcu" 3.8 would inhibit the outputting of any other 
estimate until the next sample is received from 

SamPler should, of course, be understood that the 

30 present invention is not limited to the particular 
3 'e ent disclosed and that numerous ^ 

,n those skilled in the art which are within the 
occur to those skilled exa mple, tt 

spirit and scope of the invention. First 

:::.rr:.-r.:'=™;=':r.;:: 



WO 85/04541 



PCT/US85/00302 



- 10 - 

systems wherein the transfer function of the transmission 
channel is not time-varying. Second, while Nyquist filters 
are only shown in transmitter 10, half-Nyquist filters 
could also be utilized in transmitter 10 and receiver 11. 



35 
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Claims ., . 

1. Receiver apparatus for use. in a digital 
transmission system wherein elements of a data signal 
adulate quadrature-related carriers and wherein said 
5 carriers are transformed into a single-sideband signal, 
said receiver apparatus comprising 

means for demodulating said single-sideband 
signal to form received signal elements by extracting said 
qua drature-related carriers, said received- signal elements 
10 heinc different from said data signal elements due to the • 
transformation of said carriers into a single-sideband 

Si9nalj "lans for recovering s ? id data signal elements by 
forming a, least one estimate of each of said dat« . signal 
15 elements by altering one of said received signal elements 
by at least one preselected quantity and then comparing 
said formed estimate against a preselected criterion. 

2. The apparatus of claim 1 wherein said 
estimate formed for each of said data signal elem * ntS 

20 involves altering a different one of said received signal 
elements. 

3. The apparatus of claim 2 wherein said 
recovery means forms said estimate at selected times 

4 The apparatus of claim 1 wherein eacn of saio 
25 data signal elements have specific assigned values. 

5. The apparatus of claim 4 where said assigned 
values for all data signal elements are the same. 

6 The apparatus of claim 4 wherein said 
assigned values for one data signal element are different 

30 from said assigned values for any other data signal 
elements. 

7 The apparatus of claim 4 wherein said 
preselected quantity is a function of the assigned values. 

8. The apparatus of claim 7 wherein said 
35 function forms a set of numbers which comprises said 

oreselected quantity. 

9. The apparatus of claim 1 wherein each 
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received signal element includes one data signal element 
and a nonzero function of another data signal element. 

10. The apparatus of claim 9 wherein said nonzero 
function is the Hilbert transform. 

11. The apparatus of claim 4 wherein said 
preselected quantity lies in a set of numbers found by 
taking an algebraic combination of all possible 
permutations of said assigned values of one of said data 
signal elements. 

12. Receiver apparatus for use in a digital 
transmission system wherein elements of a data signal 
modulate quadrature-related carriers and wherein said 
carriers are then transformed into a single-sideband 
signal, said receiver apparatus comprising 

means for demodulating said single-sideband 
signal by extracting said quadrature-related carriers to 
form elements of a received signal, each received signal 
element including a selected element of said data signal 
and a nonzero function of an unselected data signal 
element; and 

means for recovering said data signal elements by 
altering each received signal element by a plurality of 
preselected amounts so as to form a set of values for each 
received signal element and then picking one value from 
each set in accordance with a preselected criterion. 

13. The apparatus of claim 12 wherein said 
nonzero function is the Hilbert transform of the unselected 
data signal element. 

14. A method of retrieving elements of a data 
signal wherein said elements modulate quadrature-related 
carriers and wherein said carriers are transformed into a 
single-sideband signal, said method comprising the steps 
of 

demodulating said single-sideband signal to form 
i received signal elements by extracting said quadrature- 
related carriers, said received signal elements being 
different from said data signal elements due to the 
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transformation of s.ia crxi.cs into . single-siae>and 
Si9nal1 Recovering saia aat. signal elements * 

lease or p nreselected criterion. 

Eocmed est;r; r -; t „. in c _ nicati o„ 

5y5 t.ms «^ qu aaratore-rel»tea carrier 

' si ,„als ^elements - ■ — — " ' dOU " e " 

Sideb *" "^'^t,-.^ '«.•»-"— 

signal into a single-siaeb.na signal. 
« ,6. A communications system comprise, a 

5 transmitter ana a receiver herein s.ia transmrtter 

COmPClS " means for placing gu.ar.tur. 
si ,„als »itn elements or a a.ta signal to tor. a aouole 
„ siaeoana signal . ^ ^...^ 

signal into a single-siaeb.na signal, ana 

single-sia.o.na 

25 sig „ al to * teceivea signal elements . ---^ 
qu ,dr.t»re-rel.tea earners, sara receive g 
Li„g different fro. saia data ^ ^" sii , b ^ 
tr.nseorm.tion of s.ia carriers into a singl 

"leans for recovering saia a.ta signal elements nv 
30 „• ... „f each o£ saia data srgnal 

' forming at least one estimate of 

said formed estimate against a prese 
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1 

BLOCK CODED MODULATION SYSTEM 
Background of the Invention 
This invention relates to high-speed data 
transmission over band-limited channels, such a'sS:. 
telephone lines. ;:;: :-\ 
5 Modulation systems for such channels commonly 

use two-dimensional carrier modulation, generically 
called double-sideband-guadrature-carrier (DSB-QC) 
modulation. Such modulation systems are discussed, for 
example, in U.S. Patent 3,887,768 (Forney/Gallager) , 
10 incorporated herein by reference, which also shows an 
implementation of such a system. 

Conventional DSB-QC systems are used .. to' send an 
integer number (N) of bits "in each modulation interval 
of T seconds in a nominal bandwidth of 1/T Hz.. " For 
15 example, some telephone line modems send 4 bits per 
modulation interval of 1/2400 sec. within a nominal 
bandwidth of 2400 Hz, thus achieving a 9600 bits .per • 
second (bps) data transmission rate. Modems for sending 
6 bits per modulation interval to achieve 14,400 bps iii 
20 a nominal 2400 Hz bandwidth are also available. \ _ 

Such DSB-QC ' systems use signal constellations 
N .>V. ••' • 

of 2 signals for sending N bits per modulation . 

interval. A family of such constellations with signals 

arranged on a regular rectangular grid is described in 

25 Campopiano and Glazer, "A Coherent Digital Amplitude and 
Phase Modulation Scheme," IRE Transactions on 
Communication Systems, Vol. CS-9, pp. 90-95, Mar£h 1962, 
incorporated herein by reference. 

Fig. 1 shows the arrangement of signals; in the 

30 Campopiano and Glazer constellations and the outer - 

boundaries of those constellations for values of. N from 
4 through 8. Table I shows the so-called "required 
signal r to-noise ratio" P (defined in Campopiano .et al. 
and in the Forney/Gallager patent) for the 
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constellations of Fig. 1. Each unit increase in N 
corresponds to an increase in required signal-to-noise 
ratio of about a factor of two or 3.0 decibels (dB) . 
Table I (Campopiano and Glazer) 



5 N S T (d3) 

4 16 10 10.0 

5 32 20 13.0 

6 64 42 16.2 

7 128 82 19.1 
10 8 256 170 22.3 



N = number of bits sent per modulation interval 
S = number of signals in signal constellation 
P = required signal-to-noise ratio 
(dB) = P measured in decibels 
15 For higher transmission speeds, so-called coded 

modulation techniques can provide improved resistance to 
noise and other channel impairments; that is, they can 
provide a reduction in required signal-to-noise ratio, 
or a so-called "coding gain".- 
20 In such coded systems, to send N bits per 

modulation interval, signal constellations having more 
than 2 N signals are used, and coding is used to 
introduce dependencies between modulation intervals so 
that the set of available signals from which a signal 
25 point can be selected in one modulation interval depends 
in general on the signal points selected for other 
modulation intervals. 

In one coding technique for getting a coding 
gain (disclosed in Csajka et al, O.S. Patent 4077021, 
30 and Ungerboeck, "Channel Coding with Multilevel/Phase 
Signals," IEEE Transactions on Information Theory, Vol. 
IT-28, pp. 55-67, January, 1982), the N bits appearing 
in each modulation interval are individually mapped into 
signal* points selected from a constellation of 2 N+1 
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signals. The signals in the constellation are organized 
into subsets such that the minimum distance between two 
signals belonging to one subset is greater than the 
minimum distance between any two signals in the 
5 constellation. The selection of the signal point for 
each N input bits is made to depend, in part, on the 
historical sequence of all previously selected signal 
points, as represented by the state of a finite state 
device in the encoder. This so-called trellis coding 

10 effectively permits only certain sequences of signal 
points to be transmitted, and the coded historical 
information carried by every signal point is exploited 
at the receiver by a maximum likelihood sequence , 
estimation technique (e.g., one based on the Viterbi 

15 algorithm, as described in Forney, "The Viterbi 
Algorithm," Proceedings of the IEEE, Vol. 61, pp. 
268-278, March, 1973, incorporated herein by; reference). 

A coding gain can also be realized using a 
block coded modulation system in which blocks of , ; n input 

20 bits are sent in m modulation intervals, so tha,t. N.=n/m 
bits are sent per modulation interval. For each block, 
m signal points are selected from a constellation having 
more than 2 N signals, a process which is equivalent to 
mapping each block into a code word selected from, an 

25 available code word set of 2 n code words arranged in 
2m-dimensional space (called simply 2m-space) , with the 
2m coordinates of each code word, taken two at a time, 
defining the respective pair of coordinates in ; 
two-dimensional space of the m signal points to be 

30 selected. The code word set from which the code word ' 
for any block may be drawn is independent of the- signal 
points selected for any other block. At the. receiver , 
the decisions on which signal points were sent ape based 
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on the received signal points for each block (the 
so-called received word), preferably using maximum 
likelihood decoding. 

One method of block coding involves using a 
code word set arranged on a finite portion of a densely 
packed infinite geometrical lattice in 2m-space; see, 
for example, Conway and Sloane, "Fast Quantizing and 
Decoding Algorithms for Lattice Quantizers and Codes," 
IEEE Transactions on Information Theory, Vol. IT- 28 , pp. 
i 227-232, March 1982, and the references cited therein, 
incorporated herein by reference. A representative 
system of this type is disclosed in "Block Coding for 
improved Modem Performance," a Canadian contribution 
(Com XVII-No. 112) to Study Group XVII of the 
5 international Telegraph and Telephone Consultative 

Committee (C.C.I.T.T.) , March 1983, incorporated herein 
by reference, which describes an 8-space code for 
sending 4 bits per modulation interval with an 
asymptotic coding gain of 3.4 dB over the uncoded 
>0 Campopiano and Glazer 16-signal constellation (defined 
by the N=4 boundary in Fig. 1). 

Summary of the Invention 
The invention includes a family of block coded 
modulation systems of progressively greater complexity 
25 exhibiting progressively greater coding gain over 
uncoded systems. 

In general, in one aspect the invention 
features, in such block coded modulation systems, the ^ 
improvement in which the signal constellation includes 
30 groups having equal numbers of signals, and the encoder 
is arranged so that the group from which at least one 
signal point for a block is drawn depends on the group 
from which at least one other signal point for the block 
is drawn, whereby a coding gain over uncoded systems is 
35 achieved. 
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In preferred embodiments, the signals are 
arranged (e.g., on a rectangular grid) so that the 
minimum squared distance between two signals belonging 
to the same group is greater than (e.g., twice the 

5 distance) between two signals belonging to different 
groups; the signal points are two dimensional, the code 
words are 2m-dimensional, m being the number of signal 
points corresponding to each code word, and each block 
of digital data has mN bits; each block comprises a 
10 plurality of bits, and the groups from which the signal 
points for the block are drawn are determined by a 
single bit of the block; N is an integer, m is an even 
integer no smaller than 2, and the constellation has 
1.5x2 N signals; N=r+l/2, r being an integer, m is no 

15 smaller than 2, and the constellation comprises 2 r+ ^" 
signals; the encoder is further arranged so that m-1 
signal points for each block may be drawn from among all 
signals in the constellation, and the one remaining 
signal point for the block is drawn from a group that 

20 depends (e.g., by means of a single-parity-check code or 
a state- transition trellis) on the groups from vhich the 
m-1 signal points are drawn; m is 2; and N is 4 or '4 1/2. . 

In other embodiments, the groups each have 
subsets having equal numbers of signals, and the encoder 

25 is further arranged so that the subset from which at 

least one signal point for the block is drawn depends on 
the subset from which at least one other signal point 
for the block is drawn; the signals are arranged (e.g., 
on a rectangular grid) so that the minimum squared 

30 distance between two signals belonging to one subset is 
greater than (e.g., twice the distance) between two 
signals belonging to different subsets within the same 
group; . the subsets from which the signal points for a 
block are drawn are determined based on a plurality of . 
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bits representing less than all of the digital data of 

the block; N is an integer, m is at least 4, and the 
N+l 

constellation has 2 said signals; N=r+l/2, r being 
an integer, m is an even integer no smaller than 4, and 

5 the constellation has 1.5x2 r+1 signals; the encoder is 
further arranged (e.g., by means of a 
single-parity-check code, a Hamming code, or a 
state-transition trellis) so that one signal point for 
each block may be drawn from among all signals in the 
10 constellation, m-2 of the signal points are drawn from 
groups that depend on the group from which that one 
signal point is drawn, and the single remaining signal 
point for the block is drawn from a subset that depends 
on the subsets from which the one signal point and the 

15 m-2 signal points are drawn; m is 4; and N is 4. 

In other embodiments, the subsets each comprise 
classes having equal numbers of signals, and the encoder 
is further arranged so that the class from which at 
least one signal point for the block is drawn depends on 

20 the class from which at least one other signal point for 
the block is drawn; the minimum squared distance between 
two signals belonging to one class is greater than 
between two signals belonging to different classes 
within the same subset; each block has a plurality of 

25 bits, and the classes from which the signal points for 
the block are drawn are determined based on a plurality 
of bits representing less than all of the digital data 
of the block; ra is 8; N is an integer and the constel- 
lation has 1.5x2 n+1 signals; N=r+l/2, r being an 

30 integer, m is 8, and the constellation comprises 2 r+2 
signals. 

In other embodiments, the classes each comprise 
subclasses having equal numbers of signals, and the 
encoder is further arranged so that the subclass from 
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which at least one signal point for the block is drawn 
depends on the subclass from which at least one other 
signal point for the block is drawn; the minimum squared 
distance between two signals belonging to one subclass 

5 is greater than (e.g., twice the distance) between two 
signals belonging to different subclasses within the 
same class; m is 12; N is an integer and the 
constellation has 2 N+2 signals; the subclasses from 
which the signal points for the block are drawn are 

10 determined by the encoder based on a Golay code applied 
to at least one of the bits; m is 12 and N is 4; and the 
subclasses from which the signal points for the block are 
drawn are determined based on a plurality of bits 
representing less than 'all of the digital data of the 

15 block. 

In other embodiments, there are means for 
selecting at least one signal point of a block on the 
basis of less than all digital data in the block; the 
constellation has quadruplets each having four signals 
20 located at the same distance from the origin but 

separated by 90° intervals about the origin, the digital 
data comprises bits, and at least two of the bits are 
quadrantally differentially encoded; the four signals 
belonging to each quadruplet are drawn from four 
25 different subsets; there is also a decoder arranged to 
decide which code word was sent based on maximum 
likelihood sequence estimation in accordance with the 
Viterbi algorithm; there is a demodulator having a 
decoder arranged to make tentative decisions about which 
30 signal point was sent prior to final decoding of all of 
the received signal points for a block, and the 
demodulator comprises adaptive control circuitry 
arranged to be responsive to the tentative decision; the 
signal points for each code word are drawn from the same 
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group; the decoder is arranged to decide which code word 
was sent by first making a separate tentative decision 
based on code words whose signal points are drawn from 
each group, and thereafter a final decision based on the 
5 separate tentative decisions; selection of signal points 
for a block depends on a single-parity-check code based 
on at least one of the bits of the digital data; and the 
decoder is arranged to decide which code word was sent 
by first making a tentative decision as to each signal 
10 point in the code word without regard to whether the 
parity check is satisfied, and accepting the tentative 
decisions as the final decision, either without changes 
if the parity check is satisfied, or after changing the 
least reliable one of the tentative decisions if the 
15 parity check is not satisfied. 

In another aspect, the invention features, in a 
modulation system for sending a block of digital data 
bits over a band-limited channel using a plurality of 
modulation signal points drawn from a two-dimensional 
20 constellation of available signals, the improvement in 
which the constellation has a plurality of inner 
signals, and a plurality of outer signals further from 
the origin than the inner signals, one bit of the 
digital data determines whether any of the plurality of 
25 signal points will be drawn from the outer signals, and 
if an outer signal will be drawn, at least one other bit 
of the digital data determines which of the plurality of 
signal points will be an outer signal point. 

In preferred embodiments, there are 2 fc signal 
30 points, the digital data comprises at least t+1 bits, 
there are S inner signals and 2 -t S outer signals, and 
t bits determine which signal point will be an outer 
signal point; t=l; the block has 2N+1 bits and S is 
2 N , N being an integer; N-l of the bits determine 
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which outer signal is drawn, and N bits determine which 
inner signal is drawn; N is 4; t is 2; each block has 
4N+1 bits and S is 2 N , N being an integer; and N-2 of 
the bits determine which outer signal is drawn and N 
5 bits determine which inner signal is drawn. . 

The 4-space, 8-space, 16-space, and 24-space 
modulation systems of the invention respectively exhibit 
asymptotic coding gains of about 1.5, 3.0, 4.5, and 6.0 
dB over uncoded systems that send the same number of 

10 bits per modulation interval through the same nominal 
bandwidth using DSB-QC modulation. The block coded 
systems of the invention are slightly inferior in 
performance to the best known prior art schemes (e.g., 
about .2 dB and .4 dB worse for 4-space and 8-space 

15 systems, respectively), but have substantial advantages 
in implementation. The invention uses constellations 
having relatively small numbers of signals. The 
encoding techniques are economical, simple, and easily 
implemented. Encoding delay is reduced because early 

20 signal points selected for a given block can be sent 
before encoding of the block has been completed. 
Decoding delay is small because received signal points 
can be finally decoded as soon as all signal points for 
a given block have been received. Useful tentative 

25 decoding decisions can be made even sooner. 

Non-integral numbers of bits per interval can be sent. 
Quadrantal differential encoding can be used to improve 
immunity to phase hits. Economical, simple, and easily 
implemented decoding techniques are made possible. 

30 Other advantages and features of the invention 

will be apparent from the following description of the 
preferred embodiment, and from the claims. 
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Description of the Preferred Embod iment 
We first briefly describe the drawings. 

Drawings 

Fig. 1 is a diagram of a family of five prior 
5 art signal constellations. 

Fig. 2 is a block diagram of modem apparatus. 
Fig. 3 is a diagram of a signal constellation 
in accordance with the preferred embodiment. 

Fig. 4 is a block diagram of the signal 
10 selection logic for the constellation of Fig. 3. 

Fig. 5 is a table showing the correspondence 
between input bits and signal subsets. 

Fig. 6 is a state- transition diagram (trellis) 
for use with the constellation of Fig. 3. 
15 Fig. 7 is a diagram of a family of four signal 

constellations in accordance with an alternate 
embodiment. 

Figs. 8, 12, 15, 17, and 20 are block diagrams 
of signal selection logic in accordance with alternate 
20 embodiments. 

Figs. 9, 10, 11, 14, 16, and 19 are diagrams of 
signal constellations in accordance with alternate 
embodiments. 

Figs. 18 and 21 are diagrams of the 
25 relationships of signal quadruplets in the 

constellations of Figs. 16 and 19, respectively. 

Figs. 13, 22, and 23 are trellises for use with 
alternate embodiments. 

In the following section, the preferred 
30 embodiment (an 8-space system sending 4 bits per 

modulation interval and achieving an asymptotic coding 
gain of 3.0 dB) is described first. Alternative 
embodiments thereafter described are other decoding and 
encoding techniques for 8-space block coded modulation 
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systems; 8-space block coded systems for sending any 
integral number of bits per modulation interval; 
multidimensional signal structures for sending a 
non-integral number of bits per modulation interval 
5 (useful in both coded and uncoded systems); 4-space, 
16-space, 24-space, and 2m-space block coded systems; 
and other embodiments. 
Structure and Operation 

In the preferred embodiment (an 8-space block 

10 coded modulation system for sending 4 bits per 

modulation interval), a block of 16 bits is sent in each 
4 modulation intervals using a signal constellation 
having 32 signals. 

Referring to Fig. 2, in transmitter 10 the bits 

15 appearing in an input bit stream 12 are grouped by 
serial/parallel converter 14 into 16-bit blocks 16 
(i.e., n=16). Each block 16 is encoded by signal point 
selection logic 18 into a sequence of four (i.e., m=4) 
2-dimensional signal points 20 (which are then used for 

20 conventional DSB-QC modulation by modulator 22 for 
transmission over channel 24) . 

Referring to Fig. 3, the signal points are 
selected from a two-dimensional signal constellation 30 
having 32 signals (i.e., twice the number of signals 

25 (16) needed for uncoded modulation at 4 bits per 

modulation interval, as with the signal constellation 
shown within the N=4 boundary of Fig. 1). The 32 
signals are arranged in a rectangular grid with integer 
coordinates, each signal point having one odd and one 

30 even coordinate (in an arrangement like the Campopiano 
and Glazer constellation shown within the N=5 boundary 
of Fig. 1, but rotated by 45°) and are divided into four 
disjoint subsets (A Q , A^ B Q , B jL ) each having 
eight signals. The four subsets A Q , B Q , B 1 
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are arranged in two groups (A r comprising subsets A Q 
and A x , and B, comprising B Q and of two 
subsets each. The arrangement of signals in the subsets 
and groups is such that the minimum squared distance 
(d 2 =2) between any two signals on the plane {e.g., 
between an A signal and a B signal) is smaller than the 
minimum squared distance (2d Q =4) between any two 
signals in one group (e.g., between an A Q signal and 
an A 1 signal), which is in turn smaller than the 
minimum squared distance (4d Q =8) between any two 
signals in the same subset (e.g., between an A Q signal 
and another A Q signal) . 

Signal selection logic 18 is arranged to 
select, for each block of input bits, a sequence of four 
signal points which are interdependent, i.e., the signal 
group and/or subset from which at least some of the 
signal points for a given block may be selected depends 
in part on at least one of the other signal points 
selected for that block. The code word set from among 
D which the code word for a given block may be drawn is 
independent of the signal points selected for any other 
block. . . 

Each of the 32 constellation signals can be 
uniquely specified by a total of 5 bits: one bit naming 
5 the group from which it is taken, one bit naming the 

subset within that group, and three bits naming which of 
the eight signal points within the named subset is to be 
selected. Thus the four signal points for a block could 
be uniquely specified by a total of 20 bits. However, 
JO the block has only 16 input bits on which to base the 
selections . 

Referring to Fig. 4, the group, subset, and 
signal- point selection information needed to select each 
of the four signal points for each block is derived from 
35 the 16 input bits (b^) as follows. 
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Group selector 32 uses bit (called the 

group bit) to determine the one group from which all 

four signal points for a given block is to be drawn. 

(The designation group^ refers to the group from which 

5 the first signal point is selected; and so on.) 

Groupj^ through group 4 are therefore always the same 

group for a given block. For example, if b 1 =0 all 

four signal points would be selected from group A; if 

b 1 =l, all would be from group B. 

10 Subset .selector 34 uses bits b 2 , b-j t and 1 

b, to determine from which subsets of the selected 
4 

group each of the four signal points is to be drawn. 
Bits b 2 , b 3 , and b 4 respectively determine _ . 
subset^ subsetjf.and subset^ For example, in a 
15 block for which the signal points are from group A, if 
b 2 =0 the first signal point would be selected from 
subset A Q , otherwise (if b 2 =l) from A^. Subset 4 
is a parity bit generated by subset selector 34 such 
that bits b 1# b 2 , b 3 and. the parity bit (called 
20 subset bits) include an even number of 1 bits. Thus the 
subset bits can be viewed as coded bits derived by a 
(4, 3) single-parity-check code from the input bits 
b 2 -b 4 . The remaining bits (b 5 -b 16 > taken three 
at a time (called signal point bits) specify which 

25 particular four signal points (signal point^signal 
point 4 ) are to be drawn by signal point selector 36 
from the self ted 8-point subsets. Thus group selector 
32 and subset .selector 34 assure that the group from 
which at least one of the signal points for a given 

30 block is selected depends on the group from which at 
least one of the other signal points for the block is 
selected (thereby reducing, after the first signal 
point, -the number of groups from which later signal 
points for a block can be selected), and to assure that 
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the subset from which at least one of the signal points 
is selected depends on the subset from which at least 
one of the other signal points is selected (thereby 
reducing, after the first signal point, the number of 
5 subsets from which later signal points for a block can 
be selected) . 

Although the signal selection (coding) has been 
explained as the selection of four successive signal 
points from a 2-dimensional signal constellation, it 
10 could also be viewed as an 8-space block coded 

modulation technique in which a set of 2 code words 
are arranged on a lattice in 8-space, and coding 
consists of selecting one of the code words for each 
block. The eight coordinates of the selected code words 
15 could then be taken two at a tune to specify the four 
two-dimensional signal points to be used for carrier 
modulation. 

The required signal-to-noise power ratio for 
the 32-point signal constellation of Fig. 3 is P"=10 , the 
20 same as for the N=4 signal constellation of Fig. 1. The 
minimum squared distance between code words in 8-space 
is 8, double the minimum squared distance (4) between 
signals in the N=4 Fig. 1 constellation, providing an 
asymptotic coding gain of a factor of 2, or 3.0 db. 
25 That the minimum squared distance between code 

words in 8-space is 8 can be seen as follows. Two 
different code words which have the same group bit and 
the same subset bits must differ in at least one of 
their respective four signal points. Because those two 
30 different signal points must be drawn from the same 
subset, and signal points in the same subset have. a 
minimum squared distance of 8 on the two-dimensional 
plane-, • the two code words in 8-space likewise have a 
minimum squared distance of 8. 
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Similarly, two code words which have the same 
group bit but different subset bits must differ in at 
least two of their subset bits (because the subset bits 
have even parity) . At least two of their respective 
5 four signal points must therefore differ in each case by 
a minimum squared distance of 4 (the minimum squared 
distance on the two-dimensional plane between two signal 
points chosen from a given group) for a total minimum 
squared distance of 8. 
10 Likewise, two code words which have different 

group bits differ in all four of their signal points, 
and the minimum squared distance between two signal 
points on the two-dimensional plane is 2 for a total 
minimum squared distance of 8. Thus, in all possible 
15 cases, the minimum squared distance is 8. 

The theoretical coding gain of 3.0 dB is 
partially offset by the effect of the error event 
probability coefficient (see Forney Viterbi article) , 
which can be estimated as follows. In 8-space, each 
20 .code word has up to 240 nearest neighbors (16 which have 
the same group and subset bits, 96 which have the same 
group bits but different subset bits, and 128 which have 
different group and subset bits). But because code 
words near the -outer boundary of the code word set have 
25 fewer neighbors, the average code word only has about 
180 near neighbors. The error event probability 
coefficient per modulation interval is therefore of the 
order of 180/4 = 45, corresponding to a fraction of a 
decibel of loss in performance for error probabilities 
30 of interest. 

At the receiver, decoding of the four signal 
points into the corresponding bit stream is optimally 
done by maximum likelihood decoding, i.e., picking the 
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one code word which is most likely to have been sent, 
given the 8-space received word determined by the four 
received two-dimensional signal points. 

For each of the received two-dimensional signal 
5 points, the decoder tentatively finds (by conventional 
slicing in two-dimensional space) the closest (in 
Euclidean distance) signal from the A group and the 
closest signal from the B group to the received signal 
point, noting, on a running basis, which of the 
10 coordinates of the tentatively selected signals for each 
group is least reliable (i.e., has the greatest apparent 
error) . The subset bits of the four tentatively 
selected A signals are checked for parity. If parity 
checks, then the four tentatively selected A signals 
15 define the closest code word in. the A group to the 

received word. If parity fails to check, the closest A 
code word is found by changing the least reliable 
coordinate to the coordinate of the next closer A 
signal, which (because of the arrangement of the subset 
20 points in the constellation) will always cause a change 
of that signal from an A Q to an A^ signal (or vice 
versa) , and thus yield a code word of correct parity. 
An analogous slicing and parity checking sequence finds 
the closest B code word to the received word. 
25 The final decoding decision entails choosing 

whether the previously determined closest A code word or 
closest B code word is closer (in overall Euclidean 
distance) to the received coordinates in 8-space. The 
choice may be made by computing the sum of the squared 
30 coordinate differences between each of the two code 
words and the received word and comparing the sums. 

Decoding thus requires only slicing (twice) in 
each coordinate, storing (for A and B code words 
respectively) the location and magnitude of the largest 
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apparent error so far, accumulating the Euclidean 
distances for the best code words from each group, 
checking the parity of each best code word (and changing 
one coordinate in each code word, if needed, thereby 
5 changing the Euclidean distance for that word), and 
comparing the Euclidean distances for the resulting two 
best code words to select the better one. This decoding 
method may be readily and simply implemented (by 
conventional techniques) using a programmable 

10 microprocessor. 

The block coded modulation system can be made 
transparent to 90° phase rotations between the received 
carrier and the transmitted carrier using quadrantal 
differential coding on a block basis. The signal 

15 constellation of Fig. 3 is arranged in quadruplets of 
signals having the same radii but separated by 90° phase 
differences, each quadruplet having one signal from each 
subset, so that a 90° clockwise rotation translates, 
within each quadruplet, the A Q signal to the B Q 

20 signal, the B Q signal to the h ± signal, the A 1 

signal to the B 1 signal, and the B 1 signal to the 
A 0 si 9 na l# and analogous translations occur for 180° 
and 270° rotations. For example, the signals denoted 37 
in Fig. 3 form such a quadruplet. Referring to Fig. 5, 

25 if each signal's subset and group bits are taken 

together as a 2-bit integer, 90° clockwise rotation of 
any signal corresponds to an increment of 1 (modulo 4) 
in the value of that integer. Quadrantal differential 
coding can then be accomplished by assigning the same 

30 three signal point bits to all four of the signals 

within each quadruplet, and coding the subset and group 
bits for each signal point in a code word by 
differential four-phase coding, using for example the 
subset and group bits of the last signal point of the 

35 previous code word as the reference. 
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If (x-jy x 2 ) denotes the differentially 
encoded subset and group bits of the last signal point 
of the previous code word, and (y^, y 2 ) denotes the 
subset and group bits of a signal point in the current 
5 code word (before differential encoding), then (Zj,, 
z 2 ) , the differentially encoded subset and group bits 
of that signal point in the current code word, is 
determined by adding (x^ x 2 ) to (y^ y 2 ) as 
two-bit integers, modulo four. Because z 2 =x 2 © y 2 , 
10 the same differentially encoded group bit is used for 
all signal points in the block. At the receiver, assume 
that both the previous and the current code words are 
correctly decoded (except for a possible phase rotation 
of an integral multiple of 90°). If the received bits 
15 are denoted (x^, x 2 '> and (z^ , z^) , then 

(y 1# y 2 ) is determined by subtracting (x^, x 2 ') 
from (z 1 ' , z 2 ') as two-bit integers, modulo four. 
The resulting (y lf y 2 ) value will then be correct 
even if both (x^ , x 2 ') and (z^ , z 2 ') have been 
20 advanced by p modulo 4 as a result of a p x 90° phase 
rotation. 

Because decoding of a code word can be finished 
as soon as all four received signal points are 
determined, the decoding delay and error propagation of 

25 this block coding system are strictly limited to four 
modulation intervals. Further, because tentative signal 
point decisions (made before all four signal points have 
been received) are only about 3 dB less reliable than in 
the uncoded 16-signal constellation of Fig. 1, those 

30 tentative decisions may be used to update adaptive 
equalizers and other tracking loops in the receiver 
without even waiting for all four signal points to be 
received. The tentative decisions are made by finding 
the closest signal on the constellation of Fig. 3 to 
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each received signal point, which can be accomplished 
by rotating the coordinates 45° with respect to the 
signal constellation, followed by conventional slicing 
in each of the two rotated coordinates. At the 
5 transmitter, transmission can begin as soon as five bits 
(b^, b 2 , bj., bg, b ? ) have been collected, 
thereby reducing the encoding delay which would exist 
for other kinds of block coding in which all of the bits 
of the block would have to be collected before encoding 
10 could begin. 



Other Decoding and Encoding Techniques for 8-Space Block 
Coded Systems . 



15 decoding can be accomplished by- applying the Viterbi 
algorithm (in a manner described in Forney's Viterbi 
article, cited above) . 



Viterbi algorithm, the encoding process can be 
20 illustrated by a finite-length 4-state trellis 40; The 
trellis shows from left to right the state of the 
encoder at five successive times, beginning with a node 
42 reflecting the time immediately before encoding of a 
new block begins and ending with a node 44 reflecting 
25 the time just after the encoding of that block has been 
completed. In between nodes 42, 44 are shown four 
modulation intervals separated by three time instants, 
each such instant being represented by a column of four 
nodes 46 corresponding to the four states which the 
30 encoder can occupy at that instant. Branches 48 from 
each node to the next nodes to its right correspond to 
modulation intervals and reflect transitions of the 
state "of the encoder which can occur as a signal point 
is selected. Each branch 48 is labeled with a letter to 



Other Embodiments 



In another embodiment, maximum likelihood 



Referring to Fig. 6, in order to apply the 
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indicate the subset corresponding to the signal point 
associated with that modulation interval. Each node 46 
is marked with a two-bit value, the first bit reflecting 
the group bit for all signal points for that block 
5 (i.e., 0 = A, 1 = B), and the second bit reflecting the 
value' of the accumulated parity check subset bit as of 

that time. 

The encoder begins at a common node 42 
(reflecting that the encoder's state does not depend on 
10 historical information). From node 42 the encoder 
branches to one of four states depending on the group 
and subset bits of the first selected signal point. For 
example, if the first selected signal point is f rom 
subset A Qf the next encoder state is at node 50. For 
15 the next two signal points, the- encoder state stays in 
the half of the trellis defined by the group bit of the 
first signal point, but switches states (from one parity 
to the other) in accordance with the transitions shown. 
Only 16 of the 32 signals in the constellation are 
20 available for selection of the second and third signal. 
The transition to the final node 44 is determined by the 
parity state of the encoder (e.g., an A ± or B ± point 
is sent if the parity state is 1, otherwise an A Q or 
B n point is sent) . Only a subset of 8 of the 32 
25 signals in the constellation are available for selection 
of the fourth signal point, and that subset depends on 
the first three selected signal points. Thus the paths 
through the trellis define the possible combinations of 
subsets from which the sequence of four signal points 
30 for each block can be chosen. 

In decoding each received word, in accordance 
with the Viterbi algorithm, decisions are first made 
(using' conventional slicing in two dimensions, with the 
• coordinate axes rotated 45°) of which of the eight 
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signals in each of the four subsets is closest to each 
received signal point. A branch in trellis 40 
(corresponding to each subset) is then associated with 
the closest signal in its corresponding subset, and the 
so-called metric of each branch is the squared distance 
between the received signal point and the corresponding 
closest signal associated with that branch. The 
remaining steps of the Viterbi algorithm decoding 
proceed as described in Forney's Viterbi article, cited 
above. A final decoding decision is possible after four 
modulation intervals, at which time all trellis branches 
converge to a single node 44. 

In another embodiment, the input bits may be 
coded (using a Hamming code) into coded bits which are 
used to select the subsets from. which the signal points 
may be selected. 

. Four bits in each block, b^-b^ , rather than 
being used in a group selector and subset selector (as 
shown in Fig. 4) to select the group and subset from 
which each signal point is to be selected, are encoded 
into 8 coded bits z^-Zg using the following 
conventional extended (8, 4) binary Hamming code 
(Hamming codes are discussed, e.g., in Berlekamp, 
Algebraic Coding Theory , McGraw-Hill, 1968, incorporated 
i herein by reference) : 

Z l = b 2 

z 2 = b 1 ©b 2 

Z 3 " b 3 

z 4 = b 1 ©b 3 

) z 5 " b 4 

z 6 = b l© b 4 

z 7 = b 2 ©b 3 ©b 4 

■ H = b 1 ©b 2 ©b 3 ©b 4 
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which can be generated using, for example, the following 

generator matrix (having minimum Hamming distance 4): 

01010101 
11000011 

5 00110011 
00001111 

Bits z 1 - z 8 are taken in pairs to select the 

subsets of Fig- 3 from which the four signal points are 

to be drawn in accordance with the following table: 

10 Bit Pair Subset 

00 A 0 

01 B 0 

10 B± 

11 Ai 

15 The Hamming distance (dg) b'etween bit pairs is then 
equal to half the mini-mum squared distance between 
signals in the corresponding subsets, i.e., d 2 (A Q , 
B Q ) = d 2 (A Qf B x ) = d 2 (A r B Q ) = d 2 
(A 1# B 1 ) = 2 f corresponding to d fl (00, 01) = d H 

20 (00, 10) = d„ (11, 01) = d H (11, 10) = 1; and d 2 
(A Q , A x ) = d (B Q , B 1 ) = 4, corresponding to 
d H (00, 11) = d H (01, 10) = 2. 

The minimum squared distance between code 
words in 8-space is then 8. For if two code words' 

25 correspond to different Hamming coded bits z^-Zg, 
then these bits difEer in at least 4 places, which 
(because the Hamming distance is half the subset 
distance, as just described) implies that the squared 
distance between the code words is at least 8. 

30 Alternatively, two code words corresponding to the same 
Hamming coded bits z-^-Zg have signal points all in 
the same subsets in each modulation interval; in at 
least one interval the signal points must be different, 
and since they belong to the same subset the minimum 
35 squared distance between them is 8. 
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In other embodiments, the selection of the 
four subsets to be used in the four modulation intervals 
can be done by any method (in addition to the three 
already described) which produces minimum squared 
5 distance of 8 between code words (based on the distance 
properties of the subsets in 2-space) . The 12 bits used 
to select the particular signal point for each 
modulation interval (or the original 16-bit block) can 
be arbitrarily transformed. The constellation can be 
10 any signal constellation that can be divided into four 
eight-point subsets with the required distance 
properties. 

8-Space Block Coded Systems for Sending Any Integral 

Number of Bits per Modulation Interval 

15 In other embodiments, any number . of bits (N) 

per modulation interval can be sent by using a signal 

constellation on a rectangular grid having 2 N+1 

signals (e.g., constellations such as the ones shown in 

Fig. 1), divided into four equal subsets (each having 
N-l 

20 2 signals) and arranging the signals so that 

alternate signals fall respectively in groups A and B, 
and alternate signals within each group fall 
respectively in subsets (A Q , A^ B Q , . Four 
bits of each block of 4N bits are used to select the 

25 four subsets by any method (including those described 

above) which assures a minimum squared distance between 

code words of 4d 2 (where d 2 is the minimum 
o o 

squared distance between signals in the constellation) . 

The remaining 4 (N-l) bits are used to select which 
30 signals within the selected subsets are to be sent in 

each interval. 

Table II shows the required signal-to-noise 

ratios' ¥ for values of N from 3 through 7 using the 

constellations of Fig. 1 with S signal points and the 
35 8-space block coding system described above: 
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n s I 1ML 

3 16 2.5 4.0 

4 32 5 7.0 
5 5 64 10.5 10.2 

6 128 20.5 13.1 

7 256 42.5 16.3 

Compared with the uncoded systems treated in Table I, 
about 3 dB of coding gain is achievable for any integer 
10 value of N, using a signal constellation of size 2 
rather than 2 N . 

Multidimensional Signal Structures for Sending a 
Non-Integral Number of Bits- per Modulation Interval 
In other embodiments, signal systems of 
15 multiple (at least four) dimensions are used for sending 
a non-integral number (N) of bits per modulation 
interval, where N is of the form N=r+f (r an integer, f 
a fraction between 0 and 1). Such systems send blocks 
of bits (each block longer than one modulation 
20 interval) , and are efficient for use in uncoded systems 
(as well as coded systems) because their required 
signal-to-noise ratio is only about fx3 dB more than for 
a comparable Fig. 1 signal constellation for sending r 
bits per modulation interval, and because the number of 
25 signals in the constellation is about (l+f)2 . 

Referring to Fig. 7, signal constellations for 
use in sending N=r+l/2 bits per modulation interval each 
comprise the 2 r signals in the N=r constellation of 
Fig. 1 (called inner signals) plus an additional 2 
30 signals (called outer signals) generally arranged 

further from the origin, on the same grid, and with the 
same symmetries, as the inner signals. 
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To send blocks of 2r+l bits in two modulation 
intervals, a first bit o£ the 2r+l bits determines 
whether any outer signal is to be sent. If not, the 
remaining 2r bits taken r at a time determine the two 
5 inner signals for the two intervals. If so, a second 
bit determines whether the outer signal will be sent in 
the first or second modulation interval, r-1 bits 
determine which outer signal, and the remaining r bits 
determine which inner signal is 'sent in the other 

10 interval. The average power required to send both 

signal points will be 3/4 the average power required to 
send inner signals (which are sent on average 3/4 of the 
time) plus 1/4 the average power required to send outer 
signals (which are sent on average 1/4 of the time).- 

15 For example, 4 1/2 bits per modulation interval 

(r=4) can be sent in 2 modulation intervals using the 
constellation having 24 signals (within the N=4 1/2 
boundary of Fig. 7) divided into an inner group of 16 
signals, arranged as shown in Fig. 1 (N=4) and an outer 

20 group of 8 signals, with the arrangement of signals 
exhibiting quadrantal symmetry. 

Referring to Fig. 8, in the signal selection 
logic, bit b.^ is used by outer point selector 60 to 
determine whether none or one of the two selected signal 

25 points will be an outer signal. If one will be, then 
bit b 2 is used by selector 60 to determine which 
interval it will be in, and bits b 3 ~b 9 are used by 
signal point selector 62 to select the outer and inner 
signals as shown in Fig. 8. If neither signal point is 

30 to be an outer signal, then bits b 2 ~b 5 and b g -b g 
are used by signal point selector 62 to select 
respectively the two inner signals. 
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The average power required to send inner points 
is 10.0, and to send outer points 26.0. The required 
signal-to-noise ratio is therefore 14 (11.5 dB) , which 
is 1-5 dB more than the requirement for sending 4 bits 
per interval using the 16-signal constellation of Fig. 1. 

Table III shows the numbers of constellation 
signals S and the required signal-to-noise ratios P for 
sending half-integer numbers N (between 4 1/2 and 7 1/2) 
of bits per interval using this system with the 
constellations of Fig. 7: 

Table III 
S P (dB) 



N 



4 1/2 24 

5 1/2 48 



6 1/2 96 



14 11.5 
28.5 14.5 
57 17.6 



7 1/2 



192 - 116 20.6 



In other embodiments, any number of bits per 
interval of the form N=r+2 -t (t an integer) can be 
sent by adding to inner signals (consisting of the 2 
signals in an uncoded signal constellation) , outer _ 
signals (consisting of 2 r_t signals located as close 
to the origin as possible consistent with maintaining an 
overall rectangular grid exhibiting quadrantal 
symmetry) . The input bits are taken in blocks of 
, 2 fc r+l and determine 2 fc signal points for 

transmission. Of the 2 fc r+l bits in each block, one 
bit determines whether any of the signal points should 
be an outer signal. If so, then t additional bits are 
used to determine in which of the 2 intervals an 
) outer signal will be sent, r-t bits determine which 
outer signal will be sent, and r (2 fc -l) bits, taken r 
at a time, are used to select the inner signals to be 
sent in the other 2 fc -l intervals. If none of the 
signal points is to be an outer signal, the remaining 
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2 fc r bits, taken r at a time, are used to select the 
inner signals to be sent in the 2 fc intervals. The 
required signal-to-noise ratio for such a block coding 
system is about 3 x 2 _t dB greater than for an uncoded 
5 system in which a signal constellation having 2 r 
signals is used to send r bits per interval. 

For example, referring to Fig. 9, to send 4 1/4 
bits per interval, in 17-bit blocks each 4 intervals 
long (r=4, t=2) , a signal constellation having 16 inner 

10 signals and 4 outer signals is used. One input bit 

determines whether any of the four output signal points 
will be an outer signal. If so, two further bits 
determine in which of the four intervals the outer 
signal will be sent, two further bits select that outer 

15 signal, and 12 bits, taken 4 at a time, select the three- 
inner signals. If no outer signal is to be sent, the 
remaining 16 bits, taken 4 at a time, are used to select 
the four inner signals. The required signal-to-noise 
ratio to send 4 1/4 bits per interval is 

20 7/8x10+1/8x26=12 (10.79 dB) or .79 dB more than to send 
4 bits per interval in an uncoded system. (In this 
case, the outer signals might be moved to the axes to 
save a little more power, if maintenance of the grid is 
not required.) 

25 In other embodiments, a system that sends N=r+f 

bits per modulation interval using a constellation 
having S signals can be extended to one sending 
N'=r+f+2~ t bits per interval using a constellation 
having (l+2 -t )S signals. To the S original signals 

30 are added 2 -t S additional signals (assuming 2 _t S is 
an integer, and a multiple of 4 if quadrantal symmetry 
is to be maintained) . These additional signals are 
further segmented into subgroups in the same proportion 
as in the unextended system; i.e., each subgroup is 
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2 -t as large as in the unextended system, and can 
therefore be specified by t fewer bits. For example, if 
in the unextended system there are S=1.5x2 r signals 
divided into 2 r inner signals and 2 r_1 outer 
5 signals, then in the extended system the 2 _t S 

additional points are divided into 2 r_t additional 
inner signals and 2 r ~ t ~ 1 additional outer signals. 

Input bits are grouped into blocks of 
2 t r+2 fc f+l bits (assuming 2 t f is an integer) and 
10 used to determine 2 fc signal points. One of these bits 
determines whether any of the additional 2 t S signals 
is to be used; if not, the remaining 2 fc (r+f) bits are 
used to determine the 2 fc signal points using the 
unextended system; if so, then t bits are used to 
15 determine which interval uses an additional signal and 
the remaining 2 fc (r+f)-t are used to determine which 
signals, using the unextended system, except that in the 
selected interval one of the additional signals is used 
and is selected with t fewer bits because the 
20 corresponding subgroups are all a factor of 2 
smaller . 

In this iterative fashion, systems that send 
N=r + f bits where f is any binary fraction of the form 
f=2 -t i+2~ t2 +...+2" tk , t^t^i. --^t k 
25 can be built up, with signal constellations of 
S=2 r (l+2 -t l )(l+2 _t 2 )...(l+2 _tk ) 
signals (provided that t 1 +t 2 +...+t k is less than 
or equal to r, or to r+2 if quadrantal symmetry is 
desired) . 
30 4-Space Block Coded Systems 

In other embodiments, 4-space block coded 
modulation systems send an integer number (N) of bits 
per modulation interval using signal constellations of 
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the type of Fig. 7, or a half-integer number (N=r+l/2) 
bits per interval using constellations of the type of 
Fig. 1. 

To send a half- integer number of bits per 

5 interval, 2r+l bits are grouped into a block which 

determines two signal points from a constellation having 
2 r+1 signals. The constellation is divided into two 
groups A and B of equal size, the two groups 
respectively containing alternate signals. For example, 

10 in Fig. 10 a constellation having 32 signals is divided 
into two 16-signal groups. As another example (not 
using a rectangular grid), Fig. 11 shows an 8-signal 
(8-phase) constellation divided into two 4-signal 
groups. The minimum squared distance between signals 

15 belonging to the same group (d 2 (A,A)=d 2 (B,B) ) is at 
least twice as great as the minimum squared distance 
between signals belonging to different groups 
(d 2 (A,B)=d 2 ) . In Fig. 10 (and in any rectangular 
grid structure), d 2 (A, A) =2d 2 (A,B) ; in Fig. 11 

20 d 2 (A,A)=3.4d 2 (A,B) . 

One bit from each block (the group bit) 
determines whether both signal points will be from group 
A or both from group B. The remaining 2 r bits taken r 
at a time determine which of the 2 r A points or B 
25 points is selected for each interval. The minimum 
squared distance between code words must be at least 
2d 2 , because (a) between two code words that have 
different group bits (e.g., one group A code word and 
one group B code word) , there must be a squared distance 
30 of at least d 2 (A,B)=d 2 in each of the two 

intervals, while (b) between two code words with the 
same group bit, there must be a squared distance of at 
least d 2 (A, A) =d 2 (B,B)^= 2d 2 in one interval. 
However, the power used is only that required for 
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sending r+1 bits per interval uncoded with a minimum 
squared distance of d^, which is about the same as 
for an uncoded system sending r bits per interval with a 
minimum squared distance of 2d Q . Thus, 4-space 
5 coding allows sending r+1/2 bits per interval at about 
the same required signal-to-noise ratio as an uncoded 
system sending r bits per interval. 

An embodiment using the Fig. 10 32-signal 
constellation to send 4 1/2 bits per modulation interval 
10 is as follows. 

Referring to Fig. 12, in the signal selection 
logic, the first input bit .(b^ is used by group 
selector 40 to determine the groups (group 1 and . 
group 2 ) from which both signal points will be 
15 selected, input bits b 2 through b 5 are used by 

signal point selector 42 to select signal point x from 
the named group, and input bits b g through bg to 
select signal point 2 from the named group. 

The minimum squared distance between code words 
20 is 4, and the required signal-to-noise ratio P is 10, 
just as for the 16-signal uncoded Fig. 1 constellation. 
Thus 4 1/2 bits per interval can. be sent with the 
4-space coded system at the same P as 4 bits per 
interval uncoded. 
25 At the receiver, the received code word (i.e., 

the two received signal points for each block) may be 
decoded by determining the most likely two A signal 
points to have been sent and the most likely two B 
signal points to have been sent (using 2-diraensional 
30 slicing in each modulation interval) , and choosing the 
pair (i.e., the code word) which has the minimum squared 
distance to the received word. 
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In other embodiments, decoding is accomplished 
by making a tentative decision (in each modulation 
interval) of the most likely signal point to have been 
sent in that interval (using two-dimensional slicing 
5 with the two-dimensional coordinates being rotated 45° 
with respect to the signal constellation) . If the 
tentative decisions in both intervals are of signal 
points in the same group, those tentative decisions 
become the final decision. Otherwise, the tentative 
10 decision having the least reliable coordinate is changed 
to the next nearest signal point (which will be from the 
other group), and the new tentative decision becomes the 
final decision. 

In other embodiments, maximum likelihood 
15 decoding can be accomplished by applying the Viterbi 
algorithm. Referring to Fig. 13, the encoding process 
can be characterized by a finite-length 2-state trellis 
that determines the groups from which signal points are 
selected in two successive intervals in a manner 
20 analogous to Fig. 6. In this case Viterbi algorithm 

decoding is essentially equivalent to the first decoding 
method for 4-space codes described above. 

Table IV shows the numbers of signals in the 
constellation and the required signal-to-noise ratios 
25 for sending half-integer numbers (between 3 1/2 and 7 
1/2) of bits per interval using this 4-space coding 
system. 

Table IV 



N S P (db) 

30 3 1/2 16 5 7.0 

4 1/2 32 10 10.0 

5 1/2 64 21 13.2 

6 1/2 128 41 16.1 

7 J./2 256 85 19.3 
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By dividing the groups of signals of the 
4-space block coded system into subsets (in the manner 
previously described), quadrantal differential coding on 
a block basis can be used in the same manner previously 
5 described for the 8-space system. 

To send an integral number N bits per interval 
using 4-space coding, the signal constellations for 
sending N+l/2 bits per interval described earlier in the 
section headed Multidimensional Signal Structures for 
10 Sending a Non-Integral Number of Bits p_er Modulation 
Interval , are used. In two dimensions, these 
constellations have 1.5x2 N signals, as shown in Fig. 
7, for example. Because they are based on a rectangular 
grid, they may be divided into A and B groups of equal 
15 size (1.5x2 N-1 signals in each) by assigning alternate 
signals to the two groups. The minimum squared distance 
between signals in the same group is twice the minimum 
squared distance between signals in different groups. 
In coding, one input bit (the group bit) from a block of 
20 2 N input bits determines whether A or B signals are to 
be used in both of two intervals. A second input bit 
determines whether an outer signal is to be used; if 
not, the remaining 2(N-1) bits (taken N-l. at a time) 
determine the two inner signals of the appropriate 
25 group; if so, a third bit determines which interval will 
contain an outer signal, N-2 bits select which outer 
signal of the appropriate group, and the remaining N-l 
bits select the inner signal of the appropriate group in 
the other interval. For the same reasons as before, the 
30 minimum squared distance between code words is 

2d^. The coding gain is about 1.5 dB. Any of the 
previously described decoding methods can be used. 
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To send 4 bits per interval, the 24-signal Fig. 
7 constellation is rotated 45° and divided into A and B 
groups as well as into inner and outer signals, as shown 
in Fig. 14. Input bits are grouped into blocks of 8 

5 bits each and each block determines two signal points. 
Referring to Fig. 15, in the signal selection logic, one 
bit (b 1 ) , the group bit in each block, is used by 
group selector 50 to specify the group from which both 
signal points are to be selected, and a second bit 

10 (b 2 ) is used by outer point selector 52 to specify 
whether one of the signal points should be an outer 
signal. (At most one of the signal points for each 
block may be an outer signal.) If neither signal point 
is to be an outer signal, the remaining 6 (i.e., 2(N-1)) 

15 bits (b 3 -bg) taken three at a time are used by 

signal point selector 54 to determine which of the eight 
inner signals of the selected group is to be selected 
for each modulation interval. If one signal point is to 
be an outer signal, the third bit, b 3 , determines 

20 which of the two signal points is to be an outer signal 

and the bits t» 4 -bg select the outer and inner signal 

as shown in Fig. 15. 

The average power required to transmit inner 

siqnals is "p. = 5, and to transmit outer signals 

3 inner 

25 is P . = 13. On average, half of the time the two 
outer 

signal points will both be inner signals, and the other 

half of the time one will be an inner signal and the 

other an outer signal. The average power required to 

send both signal points for a block is therefore 1/2(2 x 

30 p. ) + 1/2(P. + ~P u ) or 14. The 

inner' ' 1 inner outer' 
required signal-to-noise ratio is then 7 (8.45 dB) per 

interval compared with 10 (10 dB) required for sending 

uncoded. signal points using the 16-point signal 

constellation of Fig. 1, a 1.55 dB coding gain. 
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Theoretically, as shown by Conway and Sloane, 
the best known 4-space code for sending 4 bits per 
interval has a required signal-to-noise ratio of 6.75 
(8.29 dB). The present embodiment which has a required 

5 signal-to-noise ratio of 7 (8.45 db) provides a simpler 
coding system at a cost of only 0.16 db compared with 
the best known code for the same parameters. Further, 
because the code word set has quadrantal symmetry, 
quadrantal differential coding may be used (as described 

10 above) to obtain immunity to phase rotations of 
multiples of 90°. 

Table V shows the numbers of constellation 
signals S and the required signal-to-noise ratios P for 
sending integer numbers N (from 4 to 7) of bits per 

15 interval using this system. 

Table V 

N S I i^li 

24 7 8.45 

5 48 14-25 11.54 

20 6 96 28.5 14.5 

7 192 58 17.6 

It can be seen that a coding gain of about 1.5 
dB is obtained for all values of N with a signal 
constellation only 1.5 times the size of that needed for 
25 an uncoded system. 

Further 8-Space Block Coded Systems 

The 4-diraensional signal structures with 
2-dimensional constellations like those of Fig. 7 can 
also be used in 8-space block coded systems by dividing 
30 the signals into subsets A Q , Aj,, B Q , B^^ in the 

manner described above. The resulting systems send 
half-integer numbers of bits per modulation interval 
with about 3.0 dB coding gain over the uncoded 
4-dimensional signal structures. Table VI is an 
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extension of Table II showing some of these half-integer 
systems in relation to the integer systems previously 
described. 

Table VI 



N 


S 


P 


(dB) 


3 


16 


2.5 


4.00 


3 1/2 


24 


3.5 


5.45 


4 


32 


5.0 


7.00 


4 1/2 


48 


7.125 


8.54 


5 


64 


10.5 


10.22 


5 1/2 


96 


14.125 


11.51 



16-Space Block Coded Systems 

In other embodiments, 16-space block coded 
modulation systems are used to send an integer number N • 

15 of bits per modulation interval using Fig. 7-type 
constellations, or half-integer numbers using Fig. 
1-type constellations. 

The constellation must be further partitioned 
into eight equal-sized classes A Q0 , A Q1 , A 1Q , 

20 A n , B Q0 , B 01 , B 1Q , B n , after first being 

divided into equal-sized groups A and B and dividing 
each group into equal-sized subsets A Q , A^, and 
B Q , B^. At each step the division is made by taking 
alternate signals. Furthermore, subsets are divided 

25 into two classes with opposite subscripts; e.g., A Q is 

divided into Aqq and A^, A^ into Ag^ and A^g, 

and so forth. The result is that if the minimum squared 

distance between constellation signals is 

d 2 =d 2 (A,B), the minimum squared distance between 

2 

30 signals in classes in the same group is 2d Q times 
the Hamming distance (d^) between their subscripts, 
e.g., d 2 (A 0(] , A 01 )=2d 2 ; d 2 (A 00 ,A 11 )=4d 2 ; 
and the minimum squared distance between signals in the 
same class is 8d 2 . Fig. 16 shows the 48-signal 

35 constellation of Fig. 7 rotated 45° and partitioned in 
this way. 
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In coding, one input bit of a block of 8N input 
bits determines the group (A or B) from which all 8 
signal points will be selected. Eleven input bits are 
coded in a conventional (16, 11) Hamming code (with 
5 minimum Hamming distance equal to 4; see, e.g., 

BerlekamD, cited above) to give 16 coded bits, which are 
taken two at a time to determine the class subscripts 
for each signal point. The remaining 8N-12 input bits 
select which signal points are used; if N is an integer, 
10 by using the 4-dimensional system signal constellations 
of 1.5x2 N_1 signals and taking the bits 2N-3 at a time 
to determine pairs of signal points as described above; 
if N is a half-integer (N=r+l/2) , then by using 
2-dimensional signal constellations of 2 r signals 
15 and taking bits N-3/2=r-l at a time to determine signal 
points from the selected classes. 

The minimum squared distance of such 16-space 
block code words is 8d^. Two code words with ^ 
different group bits must differ by at least d Q in 
20 all 8 signal points. Two code words with the same group 
bit but different Hamming coded bits must differ in at 
least four class subscripts, so their squared distance 
is at least 4x2d^. Two code words with the same 
group bit and Hamming coded bits have all signal points 
25 in the same classes, but must have in at least one 

interval two different signal points in the same class, 
which must therefore have squared distance 8d Q . 
The minimum squared distance between code words is 
therefore 8 times (or 9 dB) better than that of the 
30 uncoded constellation, but that constellation could 

without coding send 1 1/2 more bits per interval than it 
can with coding, which is equivalent to about 4.5 dB, so 
the net. coding gain is about 4.5 dB. 
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An embodiment using the Fig. 16 48-signal 
constellation to send 4 bits per interval is as follows. 

Referring to Fig. 17, 32 input bits are used to 
select the 8 output signal points as follows. One bit 
5 is used by group selector 70 to the determine the group 
(A or B) from which all signal points will be selected. 
Eleven bits are coded by Hamming coder 72 using a 
conventional (16,11) extended Hamming code (with Hamming 
distance d H =4) into 16 coded bits. Taken in pairs, 

10 the 16 coded bits are used by class selector 74 to 
specify the subscripts of the classes from which the 
eight output signal points are respectively selected. 
The remaining 20 bits (taken 5 at a time) are used by 
signal point selector 76 to select pairs of signal 

15 points of appropriate classes, where each class 

comprises 6 signals, 4 inner and 2 outer, and selection 
between inner and outer signals is made in the same 
manner as previously described. 

The required signal-to-noise ratio is 3.5625 or 

20 5.5dB, a 4.5dB gain over the uncoded N=4 constellation 
of Fig. 1. 

Table VII shows the number of signals S in the 
constellation and the required signal-to-noise ratio P 
for sending integer and half-integer numbers N (between 
25 2 1/2 and 6 1/2) of bits per interval in blocks of 8 
intervals each, using the 16-space coding system 
described above and the signal constellations of Figs. 1 
and 7. 



Table VII 



35 





N 


S 


P 


(dB) 


2 


1/2 


16 


1.25 


1.0 


3 


24 


1.75 


2.5 


3 


1/2 


32 


2.5 


4.0 


4 




48 


3.56 


5.5 


4 


1/2 


64 


5.25 


7.2 


5 




96 


7.13 


8.5 


5 


1/2 


128 


8.25 


10.1 


6 




192 


14.5 


11.6 


6 


1/2 


256 


21.25 


13.3 
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In the signal constellations for the 16-space 
block coding systems, each signal is a member of a 
quadruplet of signals at the same radius from the origin 
and separated by intervals of 90° about the origin. 
5 (For example, the points marked 60 and 62 in Fig. 16 
form such quadruplets.) Because all such quadruplets 
are of one or the other forms shown in Fig. 18, 
quadrantal differential coding (in the manner previously 
described) can be used with the group bit and an 
10 appropriate one of the class subscript bits (in this 
case the second for A and the first for B," inverted) in 
place of the group and subset bits used in 8-space 
coding, but otherwise as previously described. _ 
24-Space Block Coded Systems 
15 in other embodiments, 2.4-space block coded 

systems can be used to send an integer number of bits 
per interval using Fig. 1-type constellations, or a 
half-integer number of bits per interval using Fig. 
7-type constellations. 
2o To send N bits per interval, N an integer, a 

constellation of 2 N+2 signals on a rectangular grid 
(such as one of those of Fig. 1) is used. The . _ 
constellation is divided into 16 subclasses A^, 
B.- k (i,j,k=0 or 1) by further subdivision of the 
25 classes A... and B.^ defined in the previous section 

by taking 1 alternate signals in accordance with a pattern 
defined below. The minimum squared distance between 
signals in different groups is then d Q , between 
signals in the same group but different subsets is 
30 2d 2 , in the same subset but different classes 

is 4d 2 , in the same class but different sub- 

O 2 
classes is 8d , and f 
2 

same subclass is 16d 
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Referring to Fig. 15, the 64-signal 
constellation of Fig. 1 has been partitioned into 16 
4-point subclasses (for use with a 24-space block coding 
system). In general, a partition of any 

5 rectangular-grid constellation into subclasses using the 
pattern of subscripts shown in Fig. 19 may be used. 

In coding, one input bit of a block of 12N bits 
determines the group {A or B) from which all 12 signal 
points will be selected. Twelve input bits are coded in 

10 the (24, 12) Golay code (which has minimum Hamming 

distance 8; see, e.g., Berlekamp , cited above) to give 
24 coded bits, which are taken two at a time to give the 
(i, j) subscripts of the subclass from which each signal 
point is to be selected. Eleven input bits determine 

15 the k subscripts for the first 11 points, and the 12th k 
subscript is chosen so that the 12 k subscripts have 
even parity (an even number are equal to 1) for A code 
words and odd parity for B code words. The remaining 
12N-24 bits are taken N-2 at a time to select one of the 

20 2 N ~ 2 signals of the selected subclass for each of the 

12 intervals. 

With this construction, the minimum squared 
2 2 

distance between code words is 16d o , where d Q 

is the minimum squared distance between signals in the 

25 constellation. This is 12 dB better than the uncoded 
constellation having 2 N+2 signals, but that 
constellation without coding could send 2 bits per 
interval more than with this coding, which is equivalent 
to about 6 dB, so the net coding gain is about 6 dB. 

30 One embodiment, using the Fig. 19 constellation 

to send 4 bits per interval, is as follows. Referring 
to Fig. 20, 48 input bits are used to select 12 output 
signal points as shown. One bit is used by group 
selector 80 to determine the group (A or B) from which 
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all signal points will be selected. Twelve bits are 
coded by Golay coder 82 using a conventional (24, 12) 
Golay code (with Hamming distance d H =8) into 24 coded 
bits. Taken in pairs, the 24 coded bits are used by 
5 class selector 84 to specify the (i, j) subscripts of 
the 12 signals to be selected. Eleven bits and the 
group bit are used by subclass selector 86 to specify 
the k subscripts of the 12 points, with 11 subscripts 
equal to the corresponding bits, and the 12th subscript 
10 a parity check on these 11 bits plus the group bit. The 
remaining 24 bits, taken two at a time, are used by 
signal point selector 88 to select one of the four 
signals in each selected subclass. • _ . 

The required signal-to-noise ratio with this 
15 system is 2.625 'or 4.2dB, 5.8dB better than with the 
uncoded N=4 constellation of Fig- 1- 

Table VIII shows the numbers of signals in the 
constellation and the required signal-to-noise ratios P 
for sending integer numbers N (between 2 and 6) of bits 
20 per interval in blocks of 12 intervals, using the 
24-space coding described above and the signal 
constellations of Fig. 1. (The constellations of Fig. 7 
could be used to send half-integer numbers of bits per 
interval with similar coding gain.) 
25 Table VIII 



S 



(dB) 



2 16 
3 



.625 -2.0 

32 1.255 1.0 

4 64 2.625 4.2 

5 128 5.125 7.1 
I 256 10-625 10.3 

In the signal constellations for these 24-space 
block coded modulation systems, each signal is a member 
of a quadruplet of signals of the same radius and 
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separated by phase intervals of 90°. {For example, the 
signals marked 90, 92, 94, and 96 in Fig. 19 form such 
quadruplets, respectively.) All such quadruplets are of.. 
one of the four types shown in Fig. 21, and therefore 
5 quadrantal differential coding (in the manner previously 
described) can be used with the group bit and an 
appropriate subscript bit (in this case the first for A; 
and the second for B, inverted) in place of the group 
and subset bits used in 8-space coding, but otherwise as 
10 previously described. 

Block Coded Systems of Other Numbers of Dimensions 

In other embodiments, block coded systems in 
2m-space can be derived from the 4-space and 8-space 
block coded systems. 
]_5 The 4-space system can be extended to a 

2m-space system that sends N-l/m bits per interval or 
mN-1 bits, per block (for any m greater than or equal to 
2) if N is an integer, or for any even m greater than or 
equal to 2 if N=r+l/2 is a half-integer number. In the 
20 former case the signal constellation of size 2 is 
used, and in the latter the constellation of 1.5x2 r 
signals divided into inner and outer signals as 
previously described. In either case the constellation 
is divided -into A and B groups as previously described. 
25 The encoder is arranged so that in the first m-1 

intervals, either A or B signals may be sent, but in the 
last interval, the group must be constrained to satisfy 
a parity condition (e.g., that the total number of A 
signals be even). For example, the groups may be 
30 selected by a two-state trellis encoder operating 
according to the m-interval trellis of Fig. 22. 
Otherwise selection of signals within the groups is as 
previously described. Decoding may be by the Viterbi 
algorithm. 
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The minimum squared distance between code words 
remains 2d 2 in this system because of the parity 
condition and the fact that the minimum squared distance 
between signals within the same group is at least twice 
5 the minimum squared distance between signals in 
different groups. However, the number of bits 
transmitted per interval is now only 1/m less than in an 
uncoded system using the same constellation, so that the 
coding gain is approximately 3(1- 1/m) dB, which 
10 approaches 3 dB for m large. For example, for ra=4, an 
8-space coded modulation system with coding gain of 
about 2.25 dB is obtained. 

The 8-space system 'can be extended to a 
2m-space system that sends N bits per interval for any m 
15 greater than or equal to 4 and any integer N, using a 
signal constellation of 2 N+1 signals divided into 4 
equal-sized subsets as previously described. The 
encoder is arranged so that all m points are chosen from 
the same group, the first m-1 points being from either 
20 subset of that group, and the final point being chosen 
from a subset selected to satisfy a parity condition 
(e.g., that the total number of 1 subscripts be even). 
For example, the subsets may be selected by a 4-state 
trellis encoder that operates according to the 
25 m-interval trellis of Fig. 23. Otherwise selection of 
signals within subsets is as previously described. 
Decoding may be done using the Viterbi algorithm using 
the Fig. 23 trellis. 

The minimum squared distance between code words 
30 remains 4d 2 in this system because m is greater 
than or equal to 4, there is a parity condition on 
subsets combined with the between-subset distance 
of 2d 2 , and there is a wi thin-subset distance of 
4d^. The number of bits per interval is N for any 
35 value of m, so the coding gain remains about 3 dB. 
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However, for m greater than 4 the number of near 
neighbors of any code word is reduced since code words 
of the opposite group have distance at least md Q 
and are thus no longer near neighbors, reducing the 
5 error event probability coefficient by about a factor of 
2. 

Other Embodiments 
Other embodiments are within the following 
claims. For instance, the input bits can undergo any 
10 transformation which does not result in loss of 

information (such as scrambling, permutation, or binary 
linear transformations) before being encoded. The 
digital data to be sent can *be in characters other than 
bits. The output signal points or indeed their 

15 coordinates can be arbitrarily permuted without loss of 

. coding gain. The coordinates can be used individually 
in one-dimensional modulation systems (such as single 
side-band or vestigial-sideband modulation systems), or 
in groups of appropriate dimension in multidimensional 

20 modulation systems. Other signal constellations 

(including ones not based on rectangular grids) can be 
used provided that their signals can be partitioned into 
equal-sized groups (subsets, classes, subclasses) having 
at least approximately the desired distance properties 

25 described earlier. Any 2m-dimensional orthogonal linear 
transformation of output signal points may be made 
without affecting relative distance properties in 
2m-space. Quadrantal differential coding can be done 
using any method such that 90° rotations of code words 

30 change only quadrantal phase bits, and such phase bits 
are encoded differentially (mod 4) with reference to any 
previously transmitted quadrantal phase bits. 
Multidimensional signal constellations for any binary 
fractional numbers of bits per interval as described 
35 herein, may be used with the block coded modulation 
systems provided that parameters are consistent. 
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CLAIMS 

1. A method for sending digital data over a band-limited 
channel comprising selecting a code word corresponding to 

a plurality of modulation signal points drawn from a con- 
stellation of available signals, the code word being 

5 selected from an available set of said code words on the 
basis of a block of said digital data, and the code words 
belonging to said available set for said block being inde- 
pendent of said signal points corresponding to the code 
word selected for any other said block, characterised in 

10 that said constellation comprises groups having equal 

numbers of said signals, and in that the group from which 
at least one said signal point for said block is drawn 
depends on the group from which at least one other said 
signal point for said block is drawn. 

2. A method according to Claim 1, further characterised 
in that said signal points are two-dimensional, said code 
words are 2m-dimensional , m being the number of said signal 
points corresponding to each said code word, and each said 

5 block of said digital data comprising mN bits. 

3. A method according to Claims 1 or 2, further 
characterised in that said signals' of said constellation 
are arranged on a rectangular grid. 

4. A method according to Claim 1, further characterised 
in that said signals are arranged in said constellation so 
that the minimum squared distance between two said signals 
belonging to the same said group is greater than between 

5 two said signals belonging to different said groups. 

5. A method according to Claim 4, further characterised 
in that the minimum squared distance between two said 
signal points belonging to the same said group is twice the 
minimum squared distance between two said signal points 

5 belonging to different said groups. 
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6. A method according to any preceding claim, further 
characterised in that each said block comprises a plurality 
of bits, and in that the said groups from which said signal 
points for said block are drawn are determined by a single 

5 said bit of said 'block. 

7. A method according to Claim 2, further characterised 
in that m-1 said signal points for each said block are 
drawn from among all said signals in said constellation, 
and the one remaining said signal point for said block is 

5 drawn from a group that depends- on the groups from which 
said m-1 signal points are drawn. 

8. A method according to Claim 7, further characterised 
in that said group from which said one remaining signal 
point is drawn depends on a single-parity-check code based 
on at least one of said bits. 

9. A method according to Claim 9, further characterised 
in that said group from which said one remaining signal 
point is drawn is determined on the basis of a state- 
transition trellis for said block. 

10. A method according to Claim 2 or any of Claims 3 to 
9 when appendent thereto, further characterised in that N 
is an integer, m is an even integer no smaller than 2, and 
said constellation comprises 1.5x2 N signals. 

11. A method according to Claim 2 or any of Claims 3 to' 
9 when appendent thereto, further characterised in that 
N=r+l/2, r being an integer, m is no smaller than 2, and 
said constellation comprises 2 r+1 signals. 

12. A method according to any of Claims 2 to 11, 
further characterised in that m is 2. 

13. A method according to any of Claims 1 to 3, further 
characterised in that said groups each comprise subsets 
having equal numbers of said signals, and in that the sub- 
set from which at least one said signal point for said 

5 block is drawn depends on the subset from which at least 
one other said signal point for said block is drawn. 

14. A method according to Claim 13, further character- 
ised in that said signals are arranged in said constel- 
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lation so that the minimum squared distance between two 
signals belonging to one said subset is greater than 
between two said signals belonging to different said sub- 
sets within the same said group. 

15. A method according to Claim 14, further character- 
ised in that the minimum squared distance between tWb said 
signal points belonging to the same said subset is twice 
the minimum squared distance between two said signal 
points belonging to different said subsets. 

16. A method according to any of Claims 13 to 15, 
further characterised in that each said block comprises a 
plurality of bits, and the subsets from which said signal 
points for said block are drawn are determined based on 

a plurality of bits representing less than all of said 
digital data of said block. 

17. A method according to both Claims 2 and 13, further 
characterised in that one said signal point for each said 
block is drawn from among all said signals in said 
constellation, m-2 of said signal points are drawn from 
groups that depend on the group from which said one 
signal point is drawn, and the single remaining said 
signal point for said block is drawn from a subset that 
depends on the subsets from which said one signal point 
and said m-2 signal points are drawn. 

18. A method according to Claim 17, further character- 
ised in that said subset from which said'single remaining 
signal is drawn depends on a single-parity-check code 
based on at least one of said bits. 

19. A method according to Claim 17, further character- 
ised in that said subsets from which said signal points 
for said block are drawn are determined on the basis of a 
state-transition trellis for said block. 

20 A method according to Claim 17, further character- 

ised in that said subsets and said groups from which said 
signal points for said block are drawn are determined 
based on a Hamming code applied to at least one of sand 
bits. 
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21. A method according to any of Claims 13 to 20 
when appendent to Claim 2, further characterised in that 
N is an integer, m is at least 4, and said constellation 
comprises 2 N+1 said signals. 

22. A method according to any of Claims 13 to 20 when 
appendent to Claim 2, further characterised in that 
N=r+l/2, r being an integer, m is an even integer no ^ 
smaller than 4, and said constellation comprises 1.5x2 

5 signals. 

23. A method according to any of Claims 13 to 22 when 
appendent to Claim 2, further characterised in that m 

is 4. 

24. A method according to Claim 13, further character- 
ised in that said subsets each comprise classes having 
equal numbers of said signals, and in that said class from 
which at least one signal point for said block is drawn 

5 depends on the class from which at least one other said 
signal point for said block is drawn. 

25. A method according to Claim 24, further character- 
ised in that said signals are arranged in said constel- 
lation so that the minimum squared distance between two 
signals belonging to one said class is greater than 

5 between two said signals belonging to different said 
classes within the same said subset. 

26. A method according to Claim 25, further character- 
ised in that the minimum squared distance between two said 
signal points belonging to the same said class is twice 
the minimum squared distance between two said signal 

5 points belonging to different said classes. 

27. A method according to any of Claims 24 to 26, 
further characterised in that each said block comprises a 
plurality of bits, and the classes from which said signal 
points for said block are drawn are determined based on a 

5 plurality of bits representing less than all of said 
digital data of said block. 

28. A method according to any of Claims 24 to 27, 
when appendent to Claim 7, further characterised in that 
m is 8. 
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29. A method according to Claim 28, further character- 
ised in that N is an integer and said constellation 
comprises 1.5x2 N+1 said signals. 

30. A method according to Claim 28, further character- 
ised in that N=r+l/2, r being an integer, and said 
constellation comprises 2 signals. 

31. A method according to Claim 24, further character- 
ised in that said classes from which said signal points 
for said block are drawn are determined based on a 
Hamming code applied to at least one of said bits. 

32. A method according to Claim 24, further character- 
ised in that said classes each comprise subclasses having 
equal numbers of said signals, and in that said subclass 
from which at least one signal point for said block is 
drawn depends on the subclass from which at least one other 
said signal point for said block is drawn. 

33. A method according to Claim 32, further character- 
ised in that said signals are arranged in said constel- 
lation so that the minimum squared distance between two 
signals belonging to one said subclass is greater than 
between two said signals belonging to different said sub- 
classes within the same said class. 

34. A method according to Claim 33, further character- 
ised in that the minimum squared distance between two said 
signal points belonging to the same said subclass is twice 
the minimum squared distance between two said signal points 
belonging to different said subclasses. 

35. A method according to any of Claims 32 to 34, further 
characterised in that each said block comprises a plurality 
of bits, and the subclasses from which said signal points 
for said block are drawn are determined based on a 
plurality of bits representing less than all of said 
digital data of said block. 

36. A method according to any of Claims 32 to 35, when 
appendent to Claim 2, further characterised in that m is 12. 
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37. A method according to Claim 36, further character- 
ised in that N is an integer and said constellation 
comprises 2 N+2 said signals. 

38. A method according to Claim 33, further character- 
ised in that said subclasses from which said signal points 
for said block are drawn are determined based on a Golay 
code applied to at least one of said bits. 

39. A method according to Claim 2 or any of Claims 3 to 
38 (other than CI ai m5 1 Ojwlrten appendent to Claim 2, further 
characterised in that N is 4. C?2=$r 3 0 

40. A method according to Claims IC^pr any Claim appendent 
thereto, further characterised in that N is 4J. 

41. A method according to any preceding Claim, further 
characterised in that said constellation comprises quad- 
ruplets each having four said signals, the signals 
belonging to each said quadruplet being located at the 
same distance from the origin but separated by 90 
intervals about said origin, said digital data comprises 
bits, and at least two of said bits are quadrantally 
differentially encoded. 

42. A method according to Claim 41, further character- 
ised in that said groups each comprise subsets having equal 
numbers of said signals and said four signals belonging to 
each quadruplet are drawn from four different said subsets. 

43. A method according to any preceding claim, further 
characterised in that decoding is conducted by deciding 
which code word was sent based on maximum likelihood 
sequence estimation in accordance with the Viterbi 
algorithm. 

44. A method according to any of Claims 1 to 40, further 
characterised in that all said signal points for each said 
code word are drawn from the same said group. 

45. A method according to Claim 44, further character- 
ised in that decoding is conducted by deciding which said 
code word was sent by first making a separate tentative 
decision based on code words whose signal points are drawn 
from each of said groups, and thereafter making a final 
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decision based on said separate tentative decisions. 

46. A method according to any of claims 1 to 40,. further 
characterised in that said digital data comprises bits and 
the selection of said signal points for a block depends on 
a single-parity-check code based on at least one of said 

bi ts . 

47. A method according to Claim 46, further character- 
ised in that decoding is conducted by deciding which said 
code word was sent by first making a tentative decision as 
to each signal point in said code word without regard to 
whether said parity check is satisfied, and accepting 
said tentative decisions as the final decision, either 
without changes if said parity check is satisfied, or 
after changing the least reliable one of said tentative 
decisions if said parity check is not satisfied. 

48. A method for sending a block of digital data bits 
over a band-limited channel using a plurality of modu- 
lation signal points drawn from a two-dimensional constel- 
lation of available signals, characterised in that said 
constellation comprises a plurality of inner signals, and 
a plurality of outer signals located farther from the 
origin than said inner signals, in that one bit of said 
digital data determines whether any of said plurality of 
signal points will be drawn from said outer signals, and 
in that if an outer signal will be drawn, at least one 
other bit of said digital data determines which of said 
plurality of signal points will be an outer signal point. 
49. A method according to Claim 48, further character- 
ised in that there are 2 t said signal points, said 
digital data comprises at least t + l bits, there are S said 
inner signals and Z^S said outer signals, and t said bits 
determine which of said plurality of signal points will 

be an outer signal point. 

50 A method according to Claims 48 or 49, further 

characterised in that said signals of said constellation 
are arranged on a rectangular grid. 
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51. A method according to Claims 48 to 50, further . 
characterised in that said constellation comprises quad- 
ruplets each having four said signals, the signals 
belonging to each said quadruplet being located at the 

5 same distance from the origin but separated by 90° 

intervals about the origin of a signal plane, and at least 
two of said bits are quadrantally differentially encoded. 

52. A method according to Claim 49, further character- 
ised in that t=l. 

53. A method according to Claim 52, further character- 
ised in that said block comprises 2N+1 said bits and S 

is 2 N . 

54. A method according to Claim 53, further character- 
ised in that N of said bits determine which inner signal 
is drawn. 

55. A method according to Claim 49, further character- 
ised in that t is 2. 

56. A method according to Claim 55, further character- 
ised in that said block comprises 4N + 1 bits and S is 2 N , 

N being an integer. 

57. A method according to Claim 55, further character- 
ised in that said block' comprises 4N + 3 bits and S is 
1.5x2 N , N being an integer. 

58. A method according to Claim 56, further character- 
ised in that N-2 of said bits determine which said outer 
signal is drawn and in that N of said bits determine 
which inner signal is drawn. 

59. A method according to any of Claims 53, 54, 56, 57 
or 58, further characterised in that N is 4. 

60. Apparatus for sending digital data over a band- 
limited channel, characterised in that said apparatus 
comprises a code word selector for selecting code words 
corresponding to a plurality of modulation signal points 

5 drawn from a constellation of available signals, said 
code word selector being adapted to select a said code 
word from an available set of said code words on the basis 



9 



01 22805 



of a block of said digital data, the code words belonging 
to said available set for said block being independent of 
said signal points corresponding to the code word selected 
for any other said block, and said constellation comprising 
groups having equal numbers of said signals, and in that 
said apparatus includes means for determining the group 
from which at least one said signal point for said block 
is drawn in dependence upon the group from which at least 
one other said signal point for said block is drawn. 

61. Apparatus according to Claim 60, wherein said 
groups each comprise subsets having equal numbers of said 
signals, said apparatus being further characterised in 
that it comprises subset selector means adapted to select 
the subset from which at least one said signal point for 
said block is drawn in dependence upon the subset from 
which at least one other said signal point for said block 
is drawn. 

62. Apparatus according to Claim 61, further character- 
ised in that said subset selector means is adapted to 
determine said subsets from which said signal points for 
said block are drawn on the basis of a state-transition 
trel lis for sai d bl ock . 

63. Apparatus according to Claim 61, further character- 
ised in that said subset selector means is adapted to . 
determine the subsets and the groups from which said 
signal points for said block are drawn based upon a 
Hamming code applied to at least one of said bits. 

64 Apparatus according to Claim 61, wherein said sub- 

sets each comprise classes having equal numbers of said 
signals, said apparatus being further characterised in 
that it includes class selector means adapted to select 
said class from which at least one signal point for said 
block is drawn in dependence upon the class from which at 
least one other said signal point for said b!ock is drawn. 
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65. Apparatus according to Claim 64, further character 
ised in that said class selector means is adapted to 
determine said classes from which said signal points for 
said block are drawn based upon a Hamming code applied to 
at least one of said bits. 

66. Apparatus according to Claim 64, wherein said 
classes each comprise subclasses having equal numbers of 
said signals, said apparatus being further characterised 
in that it includes subclass selector means adapted to 
select said subclass from which at least one signal point 
for said block is drawn in dependence upon the subclass 
from which at least one other said signal point for said 
block is drawn. 

67. Apparatus according to Claim 66, wherein said sub- 
class selector means is adapted to determine said sub- 
classes from which said signal points for said block are 
drawn based upon a Golay code applied to at least one of 
said bits. 

68. Apparatus according to any of Claims 60 to 67, 
characterised in that it further comprises means for 
selecting at least one said signal point of said block 
on the basis of less than all said digital data in said 
block. 

69. Decoding apparatus characterised in that it is 
adapted to operate in conjunction with apparatus 
according to any of Claims 60 to 68 to decode digital 
data sent over a band-limited channel, and in that said 
decoder includes decider means adapted to decide which 
code word was sent, said decider means being adapted to 
operate on a maximum likelihood sequence estimation in 
accordance with the Viterbi algorithm. 

70. Decoding apparatus characterised in that it is 
adapted to operate in conjunction with apparatus 
according to any of Claims 60 to 68 to decode digital 
data sent over a band-limited channel, and in that said 
decoder includes means adapted to make tentative 
decisions about which signal point was sent prior to 



11 



01 22805 



final decoding of all of the received signal points for a 
block, and in that said decoder includes adaptive control 
circuitry arranged to be responsive to said tentative 
deci si on . 

71. Decoding apparatus characterised in that it is 
adapted to operate in conjunction with apparatus 
according to any of Claims 60 to 68 to decode digital 
data sent over a band-limited channel, and in that said 

5 apparatus includes means adapted to decide which said 

code word was sent, all said signal points for each said 
code word being drawn from the same said group, by first 
making a separate tentative decision based on code words 
whose signal points are drawn from each of said groups, 

10 and thereafter making a final decision based on said 
separate tentative decisions. 

72. Decoding apparatus characterised in that it is 
adapted to operate in conjunction with apparatus 
according to any of Claims 60 to 68 to decode digital 
data sent over a band-limited channel, and in that said 

5 apparatus includes decider means adapted to decide which 
said code word was sent, said digital data comprising 
bits and the selection of said signal points for a block 
depending on a single-parity-check code based on at least 
one of said bits, which decider means includes first means 

10 for making a tentative decision as to each signal point 
in said code word without regard to whether said parity 
check is satisfied, and second means responsive to said 
parity check and adapted to accept said tentative decision 
as the final decision either without change if said parity 

15 check is satisfied or after changing the least reliable 
one of said tentative decisions if said parity check is 
not satisfied. 

73. Apparatus for sending a block of digital data bits 
over a band-limited channel, said apparatus being 
characterised in that it comprises means for drawing a 
plurality of modulation signal points from a two- 
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dimensional constellation of available signals which 
comprises a plurality of inner signals and a plurality 
of outer signals located further from the origin that 
said inner signals, and in that said apparatus comprises 

5 means responsive to one bit of said digital data for 
determining whether any of said plurality of signal 
points will be drawn from said outer signals, and in 
that said apparatus includes means for determining on 
the basis of at least one other bit of said digital 

10 data, if an outer signal will be drawn, which of said 

plurality of signal points will be an outer signal point. 
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ttgaoai o<8a?Aflc«tesn»4«c. 
(itisen* » icmiiid. tir. coins 
aeaai ocTtt«Heis»vfcHi»tt. «j»b 
St o e»j««*e«cl»»n4. ;«m 
o b i a r ai n t * c a * a o * b h k is k q 

S BCKDTtt. «•> A BCllaS *». *«« < 
>#* <1 0 + 1) OMHTB. *TBBK«a 
• ft. Wi<D«»*ii:ttHMT»c«li:ff4>*. 
*. *CI»*. iEW«Hn « 0 M> 
»*t oiuia*^ v#» i»a ♦ n tlfte 

KIT, J*. y*»o*Blt«»<|->«4- 



88.13 153-180200(6) 

fciiT, miBC*(.ft5tttl<-fflt.tSI,fc 
±1C. WBoflTsaHtHStTa-SOft 
H*9»M*%«TUOTt(l, IBB© 

ar*. «ct. somas** n. c *bftiaa 
«auai-ji»ct*fe»(i. f«r«tltte 

»sae* <Bc*t***aa^*j <t^r» 

-aeaaaacsaigK*. mi«a*>raix 
a»*»torfta*m<a«T*», a 
■aataaaaoriieuaia*^. +;-e. 
*x«K-ett. t-s<D#-» sr***aaa*cB 

fttt94>Baa«caki 

asBt*Haaf»i.> ai**y**«aa 



tt<»*IB«ft*8t*JHCt./!:t»T!»*. i 

oaacm. zv>enn«o>Baa^4aK 
«fl*<KMhea«**vv*<iiti. «,th 

So|***ft<f CtiKTK. 

bsob * Btni'T . ***ae 

*RB«u. «<!■» !.HoX**i:*»*A.A 
8+ ■ iJUBtfHftgingiJtt I 9 tfrwat. 
tlliStlt. a. B4Bcfti<T. BlBfcH 

«t*KHiHt«-.ft<Ru-t»*e-c.aa« 
•at*. 

e«IIfe. 8*1 ' KttS ? * 
•»»flB*BHBB l HUi-t. 8*1' 



a. ♦«»> «»»H*Ea«<LTtt»H-?»s 
sat. Bsnof car»tt«a»^v, n, 
xa*i *ota*j«h. ir*«bb itemti 
•n«. 

aae. a*!' *.*a>at*»y»n.aaa 
*b. it. *o*¥«aa»ttT»5Hoi-< 
c#r**K. aota^y. 4 i •softBB^c, 

4C..4c»»S». ♦«.*. »*BHU&a* 
ftT*»HT*a*A'C. SSBOK«rtt« 

b*b*v, tux8*J Ji«*A*n. ±ats 
ana t o tixttse&ia i « ti4a»#n*. 
±Kaa«»v, iv, «. th<t»oa«B 

* (V, tv, > 4!-59tt0tB» (C.,tC.„ 

&0C a ,*e,i> *<ai;* -f * i'fH«.-eaiJ!>* 

M. iSl»H. SI. JOCT. IfiRI 
tt,T. »IEOI C«fJ:->c. -Bli»^ 

>>»*s n»BHttt, s i *• + /*rt.oaa« 



http://wwwJpdljpo-miti.goj P /tjcontentdb.ipdl?N0000=.../%3c9%3c%3e7X3f=7%3f////// 00/09/19 



»*«±B««» tv. .Y. 1 . fttfftKB? 
n±0JO«» <C.*C..> t (C. *C..I 4 

tuta*i*i»aji4ii*. B8K. 

v»* ( J • ♦ i) J) ( Bo 1 eft 

file. HI f-. 's4/l>(»ft<LB*V, tl) 

*» cv, - v. i . a»aa»<»H±«>a*» 

(0«,-C„> k <C„-C.,) 4A'M»t|*K: 

»«is8Br»»«» ( v i - v^.^.i^a 

8tC. «.fc<8t*Ct,Tl •?«>», f**c#a 
»*ISR«tl»*V. 4«. JbK» J RUB*** 

v*A.<onaB*v, tv, *»aj-*fc»cit, 

n£oa>Be»Lfctt*jtKS)aK*H«ca 

ftffv.-a. *SHa> t a.?hC;S*8J94«tf 
«««> aat894*aBo*»i»#n» ashfe 



M81li8Ba-180?80 (7) 

»««B*4/,c». 

a>nntk*«T 4 j; * « *M>ftas*IBttMfl 

«4lX. *«»*. SiomiE. 4E, £l» 

c *a » * » * o « 2tt» it (ft t * e t «+ 4. 
aaoaac a* a ■» s *; m e traa«a«+-c 



n*«a«*c-snTi«*t, sot* 

ft»«*LT. -«Ktt. «a)S4 £88 0X1' 

cM«m«« j-3fl>«aa«*'ea-e»*. « • 
■> x < c©ii#Bflt«*«**«*i!r»Teat 

«oa**6. -Be***. «#Mc 

ea«*aK«aan, »«B<tt»T*cfc* 

Btft». tt,-*. ;«X«Rft«Ift*»« 

(flfrsiattutti. jiBc*t»»tfis 
as«aviAua». 

*7BI*t«6Hc*»4S8B-».z>/-< t »C* 



»»ne*t't. i o »»a umbos** 

«■?•>• cx»a«uj(iiBRait*B. n. 
anaaanai s set. *?*«w»eira 

XI»B«l»CStl. RA.tf 2»cfffi»ftT, I 

*•»»!■■ (t. -t h i h« UTuran) 

T. «7B««C*riiC-«K»< vt*< 

mmy, mmc, 4#t4»w 
*k*<ix. kbb?v. tt,TSf i 

««.. Uo + 1) Ttt»tBc 

bc*r*->K. a«»tY. 4BKit9c, t 

*<«»B*X*fcT. «*v, 4 

Bfl*«v*. Jbg«»£?v. 4V, <*, «K« 

hoaaa* (y, u, > 4**09 (c. 4 

Ci ) #<X<i* < KXTHUflttH. 4CB1. 

X.fBmmv, t>*v(HMI 
»B*8»«»V, 4«>Kge'TH±«Bfflft ( 
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I 



v, + v, j . &pfta:a*n±a»fl*> <c, 
♦ c.) tvntneuttineati 4 »** 

h«i:s act < t« g ♦ i) -eii. * 
7ne<c*r**cBBB»Y, tas«9e. 

t*"»#«#»TWOt(i<»v, iLTB^lJ:* 

aa»n. *<»»< •/-•^ (< o ♦ i) Tit, * 
isjunj. m*t. a?) *'itt. mggei 

C*TiKMM> IUM) »BOK* 
tt*v, MO IHMI IB»klll»v, 

iaa*«»n±»j«» [v, -y, > . jttf 

6««»9±«i*« (C, -c, ) ttfMSM 
M»»H:MT»( *»* (J » ♦ I I 0R« 
»9 Ci - » tl.t*fl»*t. 

«!«^II1HV, KftfitV, tv, 



WBHS 83-180280 (81 
i B R J B « (9 9 it C M It 8 a> A » X * « it A ft 

&»«) c»ta»tt»itni»oB 

fe4<BNBB2BMID»*<. H*U^. iK 

snaott+acBBBoitiAS-fs. ecjtc 

»*•> i©t|H«iaRM!IlB«*i> 

en. »>-?*i!>iE«e»»Hii«iit**-»c*ft 

*hBat»M»t)8B3*iT. <o«». so*tt 

«Atftfflffir*H»£c*»i i/i<d,S»»«t 
*•"»!♦•* y**-«£a-e »*»**•»»«.*. 

dec. jiBK««»ftv«eaa4- isaae 



EB I aiRUTltl, H-»9*(»l,tH. 

«»to«Hl»i i ikt. ***«««ttt-e. a 

9 Bet C»r*1 

. C, BKtt»cc«««#C t t««S*voa 

JtB»*OBa»-9*#tt. iKBR«(S9v, 
ii*a**ii««9H, < lit •> c. fc*Ktt,6 
fl*«)<iEI8l)t«tV, t>*titi>*« 
<«»*»E. ntttt*MIS»> » »&T«0»B 



B*v'. tt. iHJt»n6*«j!lc. BKB« 
£•»«*»£. iB«»*Y<>R*j«ftY, £ 
B*HTH*HB*»h*:»a*irr 

*<ven*aa*« (v u tv. ) tatte* ( 
c> tc. i wu*-( lyftujistii. 

Hit* * * 8? BdScctlti-t 
c. -»km b<8*j ooWH-ea. JiRC« 

tmr«v, iiittii^v, ieaatt^n 
(Yv *y. > . aats*«^at* 

»** (C 4-C. ) £4<«»«*S SnfcBB 
TBBB* (Y. *v.),.tUTH*»*i*. B 
«e. m»OH(Ii+ll ODBTU. 
»i8eae#nic. Jt»e**»B4»v, 
t*«**<t«v. ieHSttYHt«a*» 

(y. -y. > . &<7aari*t3teae# ic t 

-C«) &*U»M*S« ftfc»B-C(*tt<g-<f 

(v, - v,)..,vtutB^$*taiAsn». 
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t Ra«»sac*i.fctt«a 

tBSBA-SSlta*. »«. RBB9T. u. 

I ft*.*******. 

I tt„T, CHJt!)30RBB«8. «BJcr« 

*:»«>B*iE«RnBS « I«E»)B«i{i» 
MBBHeilABT-i «ttEK»«snt. 

:«MMI«a»f 8 »o-ft*M«B! o 
s«*r. naetft. •»?•« - caa*** 

ifiBSBOBTe v,-*. 
BttBKtttSlS 4 I 0 CT*»6«-»«*(rs'» 
*lcfBBB«B»H*. «UT. a*tofIBlR 
I 5 J OCT, JfcBfflBHBBISBJ I tin, OK 

*4o«SBl»ttnv,'t*.6**n> 



WBIHa 83-1 80280(9) 
flft«9±£OB»M»R»ftftftK«*Y£e 
M»CiC«#l«liSII}h. <|,t. »©EB 

x> sosiKsmutt, c»r*tti»B<j e.' 

»flB.'«»«l*l.T. ilJBJtB-BYia 
BB*» C fRDBf IiJti;. vb**3y*^ 

SBBRBB **ia«ii Km % t * 4 i 

■»*»atta<. KrhttusKoHe**!; 

*«:> lea t b). ma, si oartt. a 
Ktt#it,tj5iae**K-«BBUTtv**.. i 

BWAt-TJOOBRR* (C« 1C. I it-Jim 
^etCBf CttiO JO<D&8t<t5« 



B«*ttT*c:-3<oajt«#*ttat*. >'*> 

•»4B»»KO«ftCJI«T»*<U *RRItCtt 

«9t«i9l»*cbBBI?»»6l»-rA*. 

.n*B9SM««* (C, *c, . 

BCi «(.)»» IC. -C.tlfltC. 

-c. > enxafrnt>^ec3eBKB9 i 

c, it, » «ii'T*v4-jat«iS. BS. 
C. nt»» • Z«5***v>e:c, B±o|D ■ 
SBB-CRbhi. -«CB. Jifta-so&tr* 
9 (C. ic« ) oMcttllHttsi'tf, Hue 

«<H»H± <c. a±*«».i»c. a±i c«* 
t'«HW»e», lsot»»|eJ8ii:iha, 



ilM&BI»*«Zi9tt*t**eB«T* *c 

*c. l&BlB&ffEl 0Be**4HJtt& 

C*r4RWRaB»>fcoBfttt*2:0BS<f» 
H**B-B)«BB#t»ia-f4itCJ:9iS 
«*K4. 

Si*. 18«»BS9»1 OIBOBIBmBtt. 

: n 4 j n » i ou> tbh4«4a + csbi, 

ft»***tA:t»-Cfc4. «,f. i<OB*B 
*«aB#BB»-( /BTe«tf4J:U(tI 
JtBR«B«ttBKBfl«l 0i« 
BHBJ 0U?Bft«9. JteniBBBBBBa 

i *oa)i*t», jtc*BBBa oicmm* n 

KB<. Sfc^BKlBeUffiSGBB? 0 49 
MOBS 0 t,*Bi*>. t 0*fe 

oft^tBB. 1B« I OBOBMBKMBBS 
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n*U*tt«UT. iftSKoiBc tit oris 
«. 

*fc. -hBOSSS. »7H. *SBc*Tfcl» 
Hit. Rntt#B*«L. i<DBHB#i:«LT 

SW-5«B«»-*tf. WoasKfe IHI. 
a) M^t, I»»Sht <»«M • ♦ I *>) 

Btf 60aj9B*» 
A«Kt, ) . *sS*i»ii'fS«ri:ii: 

J -< v ■«»**•*(* Jot********!!^ 
*. «ca«. BidttfKxiTia* • aa* 

*B*«l>HK. **-(ve-l»0(US*t*& 

B«S«Ctt*l »«aift*«**<ft*At. 
CttMOBM) 



MSIB B3-180280 (101 

i**«T »• * y 4 »n b B * aa« *v * *« k 
sbut. avutsii* 4 1. (ten • b**4 
:tvt*i. K,t. RffosigBeiai'-t, 

B««» 4 K tt «« 1- ♦ X * **« R 4 * •» XII 
B *■ k f ft n» tt aft *■ nf « e nr jr 

l> t>+ u S**K MB * « V T K * V 0 p <D A + 

«ot«2u*»iir*ai*-c» <o«. eboi 

*■* v**»OB«(t-ttEttr*fc»!>c!>B«»: 

l£Ris*|-e. «»#■'. >*a-*ii.*B:»* 
s»*B«eiiRtcatt«»in(, > , 
*bw an»Bo cbb it * « a <i *& s » * am 

l BBeamaEtn 

S l Btt*»a«-«MH««9-7'n, 
8 >B<taB.B4»«*V«xa«<feS(,«:«H 
B. 8JDK*ftac«fc«e«UBBBK0- 



S»at*Uir«,?B. B4Hi**B*eA 
©B»9f«*rra»»B. »«B»»4B«» 

»**»Bn«»-( if/**-*. »8B** 
»«««*8BB*«r7'o»»ai. itb» 
t B«*V**«»tt*o*< * y ic »•»-••. » 
a Btt*BB<»Kcsj«> >sB***rr o » * b. 

• Bl 4BltMlB«ft«BBKBReW 

?B. **>*. 

I 0. 1 «-tt«*BHB. t«. »0-fflB 
BB. >«'-»«BB. tt'IKia. »fl- 
JoKR. « 0-MB. I S 0-H#«B««5« 
SB. Ill <-<*fltt*MnR. igi-«*| 

ass. 5 o o--e«sKBg>a 



KB a #n± tt * II ft 
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